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(57) ABSTRACT 

Digital subscriber modems (8, 15) for use in Asynchronous 
Digital Subscriber Line (ADSL) communications are disr 
closed. Each modem includes a digital transceiver function 
(10, 13) and an analog front end function (10, 11), where the 
analog front end function (10, 11) is integrated into a single 
integrated circuit. According to the disclosed embodiments; 
the analog front end functions (10, 11) each include a 
transmit and a receive side. The transmit side includes 
oversampled registers (44C, 44R) and digital fihers (46C, 
46R) which serve to increase the sample rates of the digital 
data to be transmitted, so that the analog-to-digital converter 
(48C, 4SR) operates in an oversampled manner, and so that 
the downstream analog low pass filters (50C, 50R) can be 
realized with relatively simple, low-order filters. On the 
receive side, digital filter functions (64C, 64R) are included 
downstream from the analog-to-digital converters (62C, 
62R), to minimize the complexity of the receive-side analog 
fihers (58C, 58R). The remote DSL modem (8) also includes 
an equalizer function (57) to boost the signal amplitude with 
increasing frequency, to overcome the effects of line attenu- 
ation on the high frequency downstream transmissions. 

27 Claims, 8 Drawing Sheets 
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ANALOG RECEIVE EQUALIZER FOR 
DIGITALSUBSCRIBER-LINE 
COMMUNICATIONS SYSTEM 

CROSS-REFERENCE TO RELATED 5 
APPLICAnONS 

Not applicable. 

STATEMENT REGARDING FEDERALLY 
SPONSORED RESEARCH OR DEVELOPMENT 

Not applicable. 

BACKGROUND OF THE INVENTION 

This inventioD is in the field of telecommunications 
systems, and is more specifically directed to signal process- 
ing and interface circuitry in subscriber-line modems. 

The high-speed exchange of digital information between 
remotely located computers is now a pervasive part of 
modem computing in many contexts, including business, 
educational, and personal computer uses. It is contemplated 
that current and future applications of high speed data 
communications will continue the demand for systems and 
services in this field. For example, video on demand (VOD) ^5 
is one area which has for some time driven the advancement 
of technology in the area of digital information exchanges. 
More recently, the rapid increase in use and popularity of the 
Global Internet (hereinafter, the "Internet") has further moti- 
vated research and preliminary development of systems 
directed lo advanced communication of information 
between remotely located computers, particularly in effect- 
ing higher bit-rates using existing infrastructure. 

One type of technology arising from the above and 
continuing to evolve is referred to in the art as digital 35 
subscriber line ("DSL"). DSL refers generically to a public 
network technology that delivers relatively high bandwidth 
over conventional telephone company copper wiring at 
limited distances. DSL has been further separated into 
several different categories of technologies according to a 4Q 
particular expected data transfer rate, the type and length of 
medium over which data are communicated, and schemes 
for encoding and decoding the comununicated data. 

In each case, a DSL system may be considered as a pair 
of communicating modems, one of which is located at a 45 
customer site, such as a home or office computer, and the 
other of which is located at a network controller site, 
typically a telephone company central office. Within the 
telephone company system, this modem is connected to 
communicate with some type of network, often referred to 50 
as a backbone network, which is in communication with 
other communication paths by way of equipment such as 
routers or Digital Subscriber Line Access Multiplexers 
(DSLAMs). Through these devices, the backbone network 
may further communicate with dedicated information 55 
sources and with the Internet. As a result, information 
accessible via the backbone network, such as Internet 
information, may be communicated between the central 
ofiBce DSL modem and a customer site having its own 
compatible DSL modem. 60 

Within this general system, it is also anticipated that data 
rates between DSL modems may be far greater than current 
voice modem rates. Indeed, current DSL systems being 
tested or projected range in rates on the order of 500 Kbps 
to 18 Mbps or higher. According to certain DSL techniques, 65 
the data communication rates are asymmetric, with a con- 
siderably higher data rate used for so-called downstream 
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communication, that is from the central office to the cus- 
tomer site, than for upstream communication from the 
customer site to the central office. Most DSL technologies 
also do not use the whole bandwidth of the twisted pair^ 
reserving a relatively low bandwidth channel for conven- 
tional voice telephonic communication (commonly referred 
to as "POTS" for "Plain Old Telephone Service"), so that 
voice and data communications may be simultaneously 
carried out over the same line. 

By way of further background, examples of DSL tech- 
nologies currently being developed include High-Bit-Rate 
Digital Subscriber Line ("HDSL"), Single-Line Digital Sub- 
scriber Line ("SDSL"), and Very-high-data-rate Digital Subr 
scriber Line ("VDSL"). HDSL has a symmetric data transfer 
rate, communicating at the same speed in both upstream and 
downstream directions. Current perceived speeds are on the 
order of L544 Mbps of bandwidth, but require two copper 
twisted pairs. However, the operating range of HDSL is 
somewhat limited, currently to distances of approximately 
12,000 feet or less, beyond which signal repeaters are 
required. SDSL delivers comparable symmetric data transfer 
speed as HDSL, but achieves these results with a single 
copper twisted pair which limits the range of an SDSL 
system to approximately 10,000 feet. Lastly, VDSL provides 
asymmetric data transfer rates at much higher speeds, such 
as on the order of 13 Mbps to 52 Mbps downstream, and 1 .5 
Mbps to 2.3 Mbps upstream, but only over a maximum 
range of 1,000 to 4,500 feet. 

The most publicized DSL technology currently under 
development is referred to as Asymmetric Digital Subscriber 
Line, or "ADSL," and corresponds to ANSI standard 
T1E1.413. ADSL technology encompasses communication 
according to Discrete MuUitone (DMT) modulation, and 
also includes frequency domain multiplexing (FDM); other 
modulation techniques, such as Carrierless Amplitude/Phase 
modulation (CAP), are also known in the art. In any case, 
according the current state of the art, it is contemplated that 
ADSL systems will communicate data over a single copper 
twisted pair at downstream (central office to remote modem) 
rates on the order of 1.5 Mbps to 6 Mbps, with upstreani 
rates ranging from 16 kbps to 640 kbps. A particular 
example of the ADSL technology utilizes a downstream 
(central office to remote) signal bandwidth of 25 kHz to 1104 
kHz, and an upstream (remote to central office) signal 
bandwidth of 25 kHz to 138 kHz; in this realization, echo 
cancellation is especially necessary at the remote modems, 
since its transmission bandwidth is within the bandwidth of 
its received traffic. In any event, because the ADSL tech- 
nology enables these high bandwidths to be attained over 
existing twisted pair infirastmcture, telephone companies are 
not only contemplating providing Internet access using 
ADSL technology, but are also considering delivering 
remote LAN access and VOD services using this approach; 

Of course, in addition to performance considerations and 
to the distance over which DSL communications may be 
carried by conventional twisted-pair infrastructure, the cost 
of the modem hardware is also a significant factor in the 
selection of a communications technology. It is therefore 
contemplated that a lower data rate technology may provide 
high-speed data communications, with downstream data 
rates exceeding 1 Mbps, over existing twisted-pair networks 
and at cost that is competitive with conventional non-DSL 
modems, such as 56 k, V0.34, and ISDN modems. 

Because of-the nature of DSL communications, so-called 
mixed-signal circuitry is required in the implementation of 
DSL modems, both for the central office and also for Xht 
remote subscribers, in which both analog and digital signals 
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are handled. Conventional DSL modem designs include back impedances. In the preferred embodiment of the 
functions which are referred to as "analog front ends", in invention, the equalization function is performed in the 
which operations such as digital-to-analog and analog-to- analog domain, prior to analog-to-digital conversion- 
digital conversion, power amplification, and some amount of because the frequency-dependent line attenuation can, at 
filtering (including low-pass, band-pass, and high-pass 5 high frequencies, attenuate the signal to a level below the 
filtering) is performed. Because of the frequencies involved frequency-independent quantization noise floor of the 
in DSL technology, ranging from tens of kHz to MHz analog-to-digital converter. According to a further embodi- 
frequencies, and because of the large dynamic range ment of the invention, the second operational amplifier stage 
required in order to accommodate the wide variations in may be shared with the first stage of a downstream ladder 
length and quality of subscriber loops, the filtering involved lO filter, for further efficiency in implementation. The present 
in conventional DSL modems is relatively complex. As a invention may thus be readily integrated into an analog front 
result, typical analog front end circuitry has heretofore been end integrated circuit. 

realized by discrete analog circuitry, using close tolerance BRIEF DESCRIPTION OF THE SEVERAL 

componenLs to eliminate manufacturing variations. The VIEWS OF THE DRAWING 

complex filter characteristics in these conventional modems, 15 

particulariy in providing a filter with the steep band rejection F^^. 1 is an electrical diagram, in block form, of a digital 

requirements of the DSL standards, prevents effective inte- subscriber line (DSL) modem system, lUustratmg the loca- 

gration of these analog filters into an integrated circuit, tion of DSL modems both at the remote, end user, locations 

especially when considering that the filter characteristics ^^^o at a central office m the telephone system, 

must follow process variations in the digital-lo-analog con- 20 FIG. 2 is a signal flow diagram, in block form, of the 

verters. Specifically, it is contemplated that the integration of digital transceiver function in the remote DSL modem of the 

this analog front end circuitry into mixed signal integrated system of FIG. 1 according to the preferred embodiment of 

circuits would require significant "trimming** of the analog invention. 

filter bandwidths in order to compensate process variations. FIG. 3 is an electrical diagram, in block form, of the 

By way of further background, it is known in the art that 25 digital transceiver function in the central office DSL modem 

significant attenuation of signals can often occur over con- ^^e system of HG. 1 according to the preferred embodi- 

ventional twisted pair telephone lines, particularly at the of ^^e invention. 

frequencies used in DSL communications. As is also well FIG. 4 is an electrical diagram, in block form, of the 

known, this attenuation is exacerbated with decreasing wire analog front end function in the central office DSL modem 

gage, with increasing wire length, and with increasing signal 30 of the system of FIG. 1 according to the preferred embodi- 

frequency, with the severity of this attenuation being up to ment of the invention. 

on the order of -100 dB in some cases. However, conven- FIG. 5 is a flow diagram illustrating the digital filtering 

tional analog-to-digital converters (ADCs) typically have a performed by the transmit side of the analog front end 

quantization noise floor which is substantially flat over function of FIG. 4 according to the preferred embodiment of 

frequency. As a result, signal loss can occur in the event that 35 the invention. 

the higher frequency signals are attenuated to below the FIG. 6 is an electrical diagram, in block form, of the 

quantization noise floor of the receiving ADC. digital-to-analog converter in the transmit side of the analog 

t5oit:i7 CI TxyrK^ adv -run TKn/t:xmnxT function of FIG. 4 according to the preferred 

BRIEF SUMMARY OF THE INVENTION embodiment of the invention. 

It is therefore an object ofthe present invention to provide pjQ 7 is an electrical diagram, in block form, of a 

an integrated circuit which compensates for frequency- conventional programmable gain amplifier, 

dependent line attenuation in DSL communications. FIG. 8 is an electrical diagram, in block form, of a 

It is a further object of the present invention to provide programmable gain amplifier in combination with an imped- 

such an integrated circuit in which frequency-domain equal- ance matching circuit as used in the receive side of the 

ization is provided in analog front end functionality in a DSL analog front end function of FIG. 4 according to the pre-r 

modem system. ferred embodiment of the invention. 

It is a further object of the present invention to provide FIG. 9 is a flow diagram illustrating the digital filtering 

such an integrated circuit in which the equalization function performed by the receive side of the analog fix>nt end 

may be efficiently implemented into an integrated circuit. function of FIG. 4 according to the preferred embodiment of 

It is a further object of the present invention to provide the invention, 

such an integrated circuit in which the characteristics of the FIG. 10 is an electrical diagram, in block fonn, of the 

equalization function are selectable. analog front end function in the remote DSL modem of the 

It is a further object of the present invention to provide system of HG. 1 according to the preferred embodiment of 

such an integrated circuit in which a portion of the equal- 55 the invention. 

ization circuitry is shared by a downstream filter. FIG. 11 is a flow diagram illustrating the digital filtering 

Other objects and advantages of the present invention wiU performed by the transmit side of the analog front end 

be apparent to those of ordinary skill in the art having function of FIG. 10 according to the preferred embodiment 

reference to the following specification together with its of the invention. 

drawings. 60 ^I^- 12 is a plot of line attenuation over fi-equency for 

The present invention may be implemented into an analog various twisted pair facility wire gages and lengths, 

front end integrated circuit for digital subscriber line (DSL) FIG. 13 is an electrical diagram, in schematic form, of an 

modems, particularly for those modems receiving high equalizer used in the receive side of the analog front end 

frequency signals, such as the remote DSL modem. In the function of FIG. 10 according to a first preferred embodi- 

analog front end circuit of the present invention, the equal- 65 ment of the invention. 

ization function may be implemented as a cascade of two FIG. 14 is a plot of the transfer function of the equalizer 

operational amplifier stages with selectable input and feed- of FIG. 13 at various settings. 
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FIG. 15 is an electrical diagram, in schematic form, of an from central office modem 8 to remote modems 15 (i.e.- 

equalizer used in the receive side of the analog front end downstream) at a signal bandwidth of 25 kHz to 1104 kHz, 

function of FIG. 10 according to a second preferred embodi- and trafiSc traveling from remote modems 15 to central office 

ment of the invention. modem 8 (i.e., upstream) at a signal bandwidth of 25 kHz to 

FIG. 16 is a is a flow diagram illustrating the digital 5 138 kHz. Of course, the present invention may be imple- 

filtering performed by the receive side of the analog front mented to benefit in other ADSL and DSL arrangements, 

end function of FIG. 10 according to the preferred embodi- with the appropriate adjustment to the particulars of the 

ment of the invention filters and other functions, as will become apparent to those 

of ordinary skill in the art having reference to this specifi- 

DETAILED DESCRIPTION OF THE cation. 

INVENTION In t^e example of FIG. 1, remote DSL modems 15 are 

Referring first to FIG. 1, a telecommunications system each arranged as a plurality of functions, which roughly 

into which the present invention may be realized will now be correspond to individual integrated circuits in this exem- 

described. The system of FIG. 1 illustrates a contemplated plary embodiment of the invention. It is of course to be 

digital subscriber line (DSL) application of the present understood that the particular integrated circuit, or "chip"j 

invention, and specifically one in which asymmetric DSL boundaries among these various functions may vary among 

(ADSL) technology is used. It is of course contemplated that implementations; the exemplary realization illustrated in 

the present invention may also be beneficial in other system FIG. 1 is provided by way of example only. In this example^ 

applications. However, given the stringent requirements each of remote DSL modems 15 include a host interface 7, 

presented by modem DSL standards, particularly in filter 20 for interfacing digital transceiver function 13 with its asso- 

performance and bit rate, it is contemplated that the present ciated remote system R. Host interface 7 is of conventional 

invention is particularly well-suited for use in connection construction for such interface functions, and will of course 

with DSL technology, depend upon the kind of bus to which DSL modem 15 is 

FIG. 1 illustrates a typical system installation of DSL connected (e.g., serial bus, PCI, ISA); an example of host 

services, in which multiple remote subscribers interface with 25 interface 7 is the TNETD2100 digital serial bus interface 

a telephone system central office. In this example, a user in circuit available fi-om Texas Instruments Incorporated, 

a home or office environment operates remote computer According to this embodiment of the invention, digital 

system R, such as a personal computer or workstation, or transceiver function 13 in remote DSL modems 15 is a 

alternatively an entertainment unit in the video-on-demand programmable device for executing the necessary digital 

(VOD) context. Each of remote computer systems R serves 30 processing operations for both transmission and receipt of 

as a remote source and destination of communicated data, the data payload. These operations, which will be described 

which may be representative of text, graphics, motion in detail hereinbelow, include such functions as formatting 

pictures, audio, etc. Each remote system R is associated with of the digital data from the host computer system (into 

a remote DSL modem 15, by way of which the remote packets and frames, for example), encoding of the data into 

system R communicates with central ofiBce DSM modem 8 35 appropriate subcharmels for transmission, and performing an 

over a conventional twisted-pair telephone facility TWP. inverse Fast Fourier Transform (IFFT) to transform the 

One or more telephones (not shown) may also be connected encoded data into time domain signals; on the receive side, 

into each twisted pair wire facility TWP, such that POTS digital transceiver function 13 performs the reverse of these 

voice communications may alternatively or additionally be operations, as well as echo cancellation processing. Particu- 

communicated over twisted pair wire facility TWP. 40 larly at the data rates disciLssed hereinabove, the digital data 

As illustrated in FIG. 1, each of twisted pair wire facilities processing capacity and power of digital transceiver func^ 
TWP is received by central oflSce DSL modem 8, which is tion 13 is preferably of a high level; an example of an 
contemplated to be located in a central office of the local or architecture suitable for use as digital transceiver function 
long distance telephone service provider. Central office 13 is a digital signal processor such as the TMS320C6x type, 
modem 8, in this example, is capable of receiving multiple 45 available from Texas Instruments Incorporated, 
twisted pair wire facilities l^P (only two of which are Referring now to FIG. 2, the signal flow through, and 
illustrated in this example). Central office modem 8 provides digital functions performed by, digital transceiver function 
communication of data between twisted pair wire facilities 13 according to the preferred embodiment of the present 
TWP, and thus remote systems R, and a host computer (not invention will now be described in more detail. As illustrated 
shown in FIG. 1) which serves as the source or destination 50 in FIG. 2, digital transceiver function 13 includes a transmit 
of data, or as an intermediate gateway to a network, such as side DTx and a receive side DRx, through which signals are 
the Internet, or a dedicated "dial-up" content provider or transmitted by remote system R to twisted pair facility TWP, 
network. Of course, the central ofiBce will typically also and received from twisted pair facility TWP by remote 
include switchgear for the routing of calls such as those system R, respectively. As noted above, digital transceiver 
placed by remote systems R (or associated telephones) over 55 function 13 is preferably a programmable processor accord- 
twisted pair wire facilities TWP. As noted above, central ing to this embodiment of the invention, and as such the 
office modem 8 will likely be connected to a backbone block diagram of FIG. 2 corresponds to functions performed 
network, which in turn is in communication with other by digital transceiver function 13, rather than specific hard-^ 
communication paths by way of equipment such as routers ware components there within. As such, all of the operatic n4 
or Digital Subscriber Line Access Multiplexers (DSLAMs). eo within digital transceiver function 13 as illustrated in FIG. 2 
In the application where POTS service overlays the ADSL are performed in the digital domain, 
data traffic, such equipment may also include some type of On transmit side DTx, signals received by digital trans-i 
"splitter" for separating POTS from the data traffic, routing ceiver function 13 from PC interface 7 are first applied to 
the POTS traffic to the conventional telephone network framing and encoding process 20R. In this embodiment of 
(PSTN) and routing the data to a wide-area network (WAN). 65 the invention, these received signals are in the form of 

In the specific example of FIG. 1, the DSL technology is digital words to be communicated over twisted pair facility 

of the asymmetric type (i.e., ADSL), with traffic traveling TWP. Framing and encoding process 20R, in the general 
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sense; arranges these data words into packets within in a are set and a pilot tone is added, indicating that the trans- 
physical layer frame, which is then modulated to multiple mitter is repairing the clipped frame over the next two 
DMT subcarriers, or subchannels. This arrangement is per- frames; these two frames will be combined and decoded by 
formed by formatting each packet of data to include a header the receiving modem 8, in this example, 
field in advance of the data for synchronization, and a 5 IFFT process 22R is then next performed upon the 
circular redundant code (CRC) field following the data field encoded data from framing and encoding process 20R, to 
to permit error detection, including the insertion of generate time-domain signals corresponding to the encoded 
"dummy" data to maintain modem synchronization, to subcarriers. In this example, IFFT process 22R generates 
check the signal-to-noise ratio of various subchannels, and thirty-two tones (for the relatively low frequency upstream 
to ensure that bad subchannels are not used. Encoding of the 10 signals) for this communication. Following IFFl^ process 
packeted data is then performed in process 20R. For 22R. process 24R adds a circular prefix to interframe por- 
cxample, according to the DMT approach, digital data is of sequence as a guard tmie, which permits a 
encoded to correspond to a point"in an amplitude-phase lime-domain equalizer filter in the receiving modem 8 to 
"constellation". Discussion of the encoding of DMT data have the appropriate impulse response. The encoded lime- 
may be found in Ciofifi, "A Multicarrier Primer", Tutorial 35 ^^"^^i" ^'^^^^ data with circular prefix, is then applied to 
submitted to Standards Committee Tl of IEEE (1991); ^^^log front end frinction (AFE) 11 m the form of a 
Chow, et al., "A Discrete Multitone Transceiver System for bitstream, via AFE interface process 26R. 
HDSL Applications", Journal on Selected Areas in On receive side DRx, digital transceiver function 13 
Communications, Vol. 9, No. 6 (IEEE, August 1991), pp. receives a digital data bitstream from AFE 11, via AFE 
895-908; and Bingham, "Multicarrier Modulation for Data 20 interface function 30R. Automatic gain control (AGC) pro- 
Transmission: An Idea Whose Time Has Come", IEEE cess 23R maintains proper gain control within AFE 11, in the 
Communications Magazine {M^yA990\pp. 5-14, SinincoT- conventional manner. According to this exemplary 
porated herein by this reference. As is known in the art, implementation, time domain equalizer (TEQ) process 31R 
DMT associates each possible digital value (depending upon is provided in digital transceiver function 13 to eliminate 
the bit loading for the particular subchannel or subcarrier) 25 intersymbol interference (ISI) that may be present, and 
with an amplitude and phase combination. For example, if a particularly that which is introduced by analog filters in AFE 
subcarrier has been assigned to a bit loading of four, the H separating the upstream and downstream traffic over 
constellation for that subcarrier includes sixteen possible twisted pair wire facility TWP, as will be described in further 
amplitude-phase combinations, each associated with one of detail hereinbelow. TEQ process 31 according to this 
the sixteen possible digital values; if a subcarrier has been 30 embodiment of the invention is a conventional finite impulse 
assigned to a bit loading of eight, two-hundred fifty-six response (FIR) filter that is implemented by way of a 
amplitude-phase combinations are present in the software routine performed by a digital signal processor 
constellation, each associated with one of the two-hundred (DSP). The coeflBcients of TEQ process 31R are determined 
fifty-six possible digital values presented by the eight bits. during initialization, as these coefficients depend upon the 
The smaller constellations are preferably a subset of the 35 response of twisted pair wire facility TWP. 
largest (eight-bit) constellation, for ease of encoding. Following the intersymbol interference filtering of TEQ 
However, the less-populated constellations will have less process 31, digital transceiver function 13 applies process 
power than the more heavily populated subchannels, and as 32R to the bitstream to eliminate the circular prefixes. Fast 
such gain scaling of the subchannels is preferred to amplify Fourier Transform (FFT) process 33R performs a 256-point 
the less-populated subchannels. Furthermore, it is preferred 40 FFT to account for the 128 tones used in the high-frequency 
to encode subcarriers as a group, for efficiency of operation downstream transmission received by remote modem lO; 
where digital transceiver function 13 is implemented by way Clipping control process 34R restores any words that were 
of a pipeUned digital signal processor (DSP); this grouping separated in transmission due to overflow, as noted above, 
combines multiple sub -carriers into 16-bit word units, such and the resultant frequency-domain sequence is applied to 
that each sub -carrier is confined within a word boundary. 45 frequency equalizer and phase compensation process 35R: 
Some subcarriers will have their bit loading reduced by one Frequency domain equalizer (FEQ) and phase compensation 
or more bits as necessary to maintain this grouping. It is also process 35R flattens the signal spectrum of the received 
preferred to pre-group subcarriers as part of the initialization sequence, and compensates for phase distortion. Decoding 
process to generate a pre -stored macro of the subcarrier and de framing process 40R performs the inverse of the 
grouping, eliminating the need for conditional call and 50 transmission sequence, including bit demapping and gain 
conditional branch operations in the DSP code. scahng, tone reordering and packing process, and deframing 
In this example, ordering of the data according to sub- and flow control, resulting in a digital word that is apphed 
channel and its unpacking is also performed in process 20R, to remote system R via PC interface 7, 
along with the mapping of the data into the constellation Referring back to FIG. 1, and as iUustrated in FIG. 2; 
points within each subcarrier, preferably through use of a 55 digital transceiver function 13 is bidirectionally connected to 
look-up table. Scaling of the amplitudes of the various AFE 11 according to the preferred embodiment of the 
subchannels is also carried out in process 20R. The grouping invention. Each AFE 11, in this exemplary embodiment of 
and encoding of process 20R effectively converts each of the the present invention, is a mixed-signal (i.e., involving both 
data words received from interface 7 into the frequency digital and analog operations) integrated circuit which pro-r 
domain, as the output of process 20R is a sequence of 60 vides all loop interface components necessary for DSL 
amplitude and phase values (encoded by the constellations), communications other than those which involve high volt- 
with the order in the sequence corresponding to the fre- ages. In this regard, AFEs 11 in each of remote DSL modems 
quency of the associated subchannels. Clipping control can 15 perform both transmit and receive interface functions, in 
then be appfied, if appropriate, simply by monitoring over- a manner which wiQ be described in further detail herein-: 
flow flags in the status register of the digital transceiver 65 below. 

function 13; upon detection of an overflow, certain bits AFEs 11 in each of remote modems 15 bidirectionaily 

(referred to as operation and maintenance bits (0AM) bits) interface with line driver 17, which is a high-speed line 
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driver and receiver for driving and receiving the ADSL process 40C performs the inverse of the transmission 

signals on twisted pair facility TWP. An example of a line sequence, including bit demapping and gain scaling, tone 

driver integrated circuit suitable for use according to the reordering and packing process, and deframing and flow 

preferred embodiment of the invention is the THS6002 line control, resulting in a digital word that is applied to the host 

driver available from Texas Instruments Incorporated. Line 5 system via PC interface 9. 

drivers 17 in remote modems 15 are connected to a four-wire As shown in FIG. 1, central office modem 8 also includes 

to two-wire "hybrid" integrated circuit 19, which converts multiple AFEs 12, preferably arranged in master/slave fash- 

the dedicated transmit and receive lines from line driver 17 ion among one another, each of which is in communication 

to the two-wire anrangement of twisted pair facihty TWP, in with one of twisted-pair facilities TWP, and thus with one of 

full-duplex fashion. lO remote DSL modems 15 in a DSL session, as shown. 

In the central ofiSce, central office DSL modem 8 includes While many of the operations performed by AFEs 12 in 

host interface 9 which connects modem 8 to a host computer central office modem 8 are similar to those performed by 

(not shown). Host interface 9 may, as noted above, be aFEs 11 in remote modems 15, certain diiTerences arise 

implemented by conventional circuitry such as the therebetween because of the frequency dififerences in the 

TNETD2100 digital serial bus interface circuit available 15 technology, particularly in receive traffic at each 

from Texas Instruments Incorporated. As noted above, the location (receive traffic at central office modem 8 being at a 

host computer will interface central office modem 8 to a substantially lower frequency than that received at remote 

splitter for separating POTS from the data traffic, as noted modems 15, as noted above). As will be described in further 

above, and thus to the conventional telephone network detail hereinbelow relative to AFEs 12 in remote modems 

(PSTN) and wide-area network (WAN) as appropriate for 20 frequency-dependent attenuation over twisted-pair 

the service being provided. Central office modem 8 includes facilities TWP especially affect high frequency traffic 

digital DSL transceiver function 10, which connects to received at remote modems 15. This attenuation is taken into 

multiple analog front end functions (AFEs) 12 as shown in account by an equalizer function that is included within 

FIG- 1- AFEs 12 of remote modems 15, according to the preferred 

Digital transceiver function 10 is similarly constructed as embodiment of the present invention. In addition, it is 
and performs similar processing to digital transceiver func- contemplated that analog echo cancellation may not be 
tions 13 in remote DSL modems 15, with certain differences required for AFEs 12 in central office modem 8, as its 
in function arising from the different frequencies of its transmitted traffic will typically be at significantly higher 
received and transmitted traffic, as will be described in detail frequencies than its received traffic. Of course, echo can- 
hereinbelow. As before, digital transceiver function 10 is cellation functionality may be provided within AFEs 12, if 
preferably implemented as a high-performance digital signal such is desired. In any event, these differences in function- 
processor, such as the TMS320C6x, available from Texas ality are reflected in the hardware realization of AFEs 11, 12! 
Instruments Incorporated. Each of AFEs 12 in central office modem 8 is in com- 

FIG. 3 illustrates the signal flow and functionality of ^5 munication with an associated line driver 14, which may be 

digital transceiver function 10 in central office modem 8. the same line driver circuit as described above relative to 

Like reference numerals (with suffix C) are used in FIG. 3 remote modems 15. Each of line drivers 14 is bidirectionally 

to correspond to similar functions as described hereinabove coupled to an associated four-wire to two -wire hybrid 16, for 

relative to digital transceiver function 13 in remote modems interfacing the modem to an associated twisted pair facility 

15. ,0 TWP. 

In summary, on transmit side DTx, signals received by The exemplary system illustrated in FIG. 1 is particularly 

digital transceiver function 10 from PC interface 9 are first well-suited for DSL communications, particularly ADSL 

applied to framning and encoding process 20C, which communications where the upstream and downstream bandr 

generates encoded data, in frame format, which is modulated widths differ from one another, including consideration of 

into DMT subcarriers, or subchannels in this embodiment of 45 the stringent requirements of this technology. Particularly, 

the invention, followed by scaling and clipping control as the analog signal processing constraints presented by DSL 

described hereinabove. IFFT process 22C transforms the communications, for example as stated in the T1E1.413 

encoded data into time-domain signals corresponding to the standard, require high performance filtering that heretofore 

encoded subcarriers, and process 24C adds a circular prefix have required discrete realizations of the AFEs. By way of 

to interframe portions of the sequence. This encoded time- 50 explanation, the bandwidth of ADSL communications is 

domain digital data, with circular prefix, is then appUed to quite large; in the exemplary embodiment, the downstreana 

AFE 12 in the form of a bitstream, via AFE interface process (central office to remote) signal bandwidth is 25 kHz to 1104 

26C. kHz, and the upstream (remote to central office) signal 

On receive side DRx, digital transceiver function 10 bandwidth is 25 kHz to 138 kHz. In addition, the subscriber 

receives a digital data bitstream from AFE 12, via AFE 55 loops will vary widely in length and quaUty, which neces- 

interface function 30C. AGC process 23C is included in sitates the ADSL AFEs to have very large dynamic range 

digital transceiver ftinction 10, as noted above for digital (e g-, on the order of 100 to 102 dB) to accommodate as 

transceiver function 13. Time domain equaUzer (TEQ) pro- m^^ch of the potential loop population as possible. Overiayr 

cess 31C eliminates intersymbol interference (ISI), using a iog of the DSL data communications with POTS 

finite impulse response (FIR) filter, after which process 32C 60 conmmunications, with ring signals exceeding 100 volts; 

removes the circular prefixes from the bitstream. FFT pro- fiirther complicates the analog processing by requiring that 

cess 33C transforms the time domain signal into digital the DSL receivers must include a high-pass filter capable of 

frequency domain representations, and clipping control pro- toleratmg these high voltages. 

cess 34C restores separated words due to overflow, as noted According to the preferred embodiment of the invention; 

above. FEQ and phase compensation process 35C flattens 65 as noted above, AFEs 11, 12 are realized by integrated 

the signal spectrum of the received sequence, and compen- circuits which execute all analog loop interface functions 

sates for phase distortion. Finally, decoding and deframing that are not exposed to high voltages, and in a manner which 
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eliminates the need for complex analog filtering (which is the transmit and receive sides of AFE 12, and may be 

not suitable for integration due to the need for extensive realized by conventional circuitry for establishing the nec- 

component trimming), but still meets the requirements. essary reference voltage levels for use in digital-analog 

Referring now to FIG. 4, the construction of AFE 12 in conversion and analog-digital conversion operations, as well 
central oflGce DSL modem 8, according to the preferred 5 as in other components of AFE 12. Other circuitry used iii 

embodiment of the invention, will now be described in the operation of AFE 12, including standard integrated 

detail. As mentioned above, this construction enables AFE circuit functions such as power supply distribution and 

12 to be integrated into a single integrated circuit, providing regulation, general purpose port communications, and the 

important advantages in the telecommunications carried out like, may of course also be included therein, but is not shown 

by the system of FIG. 1, including reduced cost, improved for purposes of clarity of this description. AFE 12 also 

system reliability, and component matching. The integrated includes oversampling register 44C as shown in FIG. 4, 

circuit of AFE 12 will be of the so-called "mixed-signal" which comprises one or more register stages, as may be used 

type considering that both digital and analog processes are i" transmit and receive sides of AFE 12 in realizing 

carried out thereby. Additional integration scale may, of the digital filter operations which wiU be described herein^ 

course, be alternatively obtained by the integration of AFE below. 

12 as described herein with either or both of digital trans- Referring now to the transmit side of AFE 12. digital 

ceiver function 10 or line driver 14, as appropriate for the ^^^^J^ 46C receive digital data \vords from oversamphng 

available manufacturing technology. ^^S^^^J^ ^4^ and implement digital filter operations upon 

*r-r.^-, * 1 J . . ji 1 J • 1 these digital data words, prior to digital-to-analog conver- 

AFE 12 includes a transmit s.de and a receive side^imilar ^j^^ 5 ^^^^ ^.^^^^ 

to digital transceiver function 10 described hereinabove. Id ^ ^^^^^ ^ combination with oversampling registers 44C, 

this embodiment of the invention the transmit and receive exemplary implementation of the preferred embodi- 

sides share interface and control fiinction 42C, by way of invention will now be described in detaU. ■■ 

which AFE 12 communicates with digital transceiver 10. a h . j - t-t.-. ff.uj -.iiii.- 

T , r J * 1 A ** A^r^ • I J 11 1 J* •* 1 As lUuslrated in FIG. 5, the digital filteruig process 

Interface and control function 42C includes a parallel digital . j . at-i^ • i j i • i • i 

' , c , f u- u J- f 1 J 4 u . ™v* executed by AFE 12 includes multiple options which are 

intcrface,by way of which digital words to be transmitted by i n i • i . , i t- 

^1^ ji o -juAT-T^ii jL selectable by switches SI through S4, dependme upon the 

central office modem 8 are received by AFE 12, and by way „ . . - r , j- • i ^ ■ j ^ . 

of which data received from twisted pair facility TWP and frequency and charactenstics of the digital data provided by 

processed by AFE 12 are communicated as digital words to ^S^'*' transceiver function 10. Interpolation filter 70 

digital transceiver 10. According to the preferred embodi- *^ ^^P^^, 'f^. ,^ °^ "? ' '° 

^ , f . ^. ^, . ifi • * _f • • * provide an oversampled digital-to-analog conversion down-^ 

ment or the invention, this parallel mterface is a sixteen-bit . ^ i , • • l i - 

parallel interface, with edge-triggered read and write strobe '° .^"^ ^^^t^'^, '^^ / h- 

inputs for controlling the reading of data therefrom and f™"" ^208 kHz to -Mie kHz, simply by loading 

writing of data thereto, respectively. Additionally, interface °°f °^ oversamphng registers 46C in an aUematmg manner* 

and control function 42C includes multiple control registers zero-valued samples loaded between each mput sample 

for storing control words that set the state of various value; the output of oversampling registers 46C is sampled 

functions in AFE 12, such as gain values for the various » '^^} f twice that at which the actual mput sample^ 

programmable amplifiers, switch control for the bypass or ° registers 46C. ITie insertion of zero-valued 

enable of various filter blocks and fimctions (as will be samples, rather than perforrn.ng interpolation filter process 

J uju uix j'*u f Arr c '0 by Simply twice samphng each loaded input sample 

described hcrcmbelow), and m the case of AFE 12, for an , ./ , i n • . 

J * u- A *• * 4.U • J / 1 value, provides the benefit of eummatine 
input impedance matching function at the receiver end (also 40 

described in further detail hereinbelow). 

Interface and control function 42C also includes the 
appropriate signal interface for receiving and providing 
control information from and to digital transceiver 10. In this 

embodiment of the invention, serial port SP is provided to 45 attenuation that may otherwise occur from oversampling. 

receive control information such as used to set the frequency Alternatively, it is contemplated that 
of clock signals, as will be noted below. Conventional scan 
testing, such as according to the JTAG standard, is also 
preferably implemented via interface and control function 
42C. 50 

Clock circuitry 66C is shared by the transmit and receive . , , , . 

sides of AFE 12, and provides the corresponding clock ^"Uon may be compensated by IFFT process 22C in 

control for synchronous operation thereof. According to the '^'S'"^ transceiver 10, if computational capacity for such 

preferred embodiment of the present invention, clock cir- compensation is available . 

cuitry«6Cgenerates internal (and, if desired, external) clock 55 ^. '"T \ " then apphed to the mcoming 

signals bai d upon an external voltage controlled crystal sample mput values whether or not mterpolaUoq 

oscillator (VCXO) 65X. In AFE 12, digital-to-analog con- fil'« ^ss 70 is byp^ed Digital low pass filter 71 is 

verier (DAC) 63C is provided which, in response to control P^vided to compensate for the gam loss that is incurred by 

signals generated by interface and control function 42C ^ zero-msertion upsanaphng o process 70. Additionally, m 

(specifically via update signals applied to serial port SP 60 T ^^''^ "''^poj*''"" ^0 is performed by the 

therein), produces an analog voltage that is applied to, and °^ zero-valued samples, no 
thus controls, voltage controlled crystal oscillator 65X. DAC 

63C, in a preferred implementation, is a 12-bit serial DAC, cos [— ] 

which provides suitable fine resolution for high-frequency ^ 
(e.g., 35.328 MHz) VCXO 65X. 65 

Voltage reference 68C, preferably a stable voltage refer- attenuation is performed thereby; as such, digital low pass 

ence circuit such as a bandgap reference, is also shared by filter 71 will likely be necessary in order to reach the desired 
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power spectral density (psd) roll-off specifications that are resulting in a similar transfer function as indicated above for 
contemplated to be implemented for DSL communications. process 70, but with a different frequency f^. As a result of 
Regarding gain loss involved in interpolation filter 70, interpolation filter processes 70, 74, the digital-to-analog 
digital low pass filter 71 preferably provides a 6 dB gain if conversion to be performed will be executed at an over- 
interpolation filter 70 is not bypassed, but a 0 dB gain if filler 5 sampled rate, namely eight times the signal bandwidth, to 
70 is bypassed by switches SI, S3 being closed and open, g^se the complexity of downstream analog filtering, as will 
respectively. described hereinbelow. 

According to this preferred embodiment of the mvention, digital low pass filter process 76 is then applied to the 
digital low pass filter 71 is a thirty-three-tap finite impulse oversampled output of interpolation filter process 74, to 
response (FIR) low-pass filter, with symmetric coefiBcient a: ^ u j r *u j- 4 1 j * 1 * *u 

, ' u) /c J 1 J- 4 \ I c J effect band- limiting on the digital data, also to ease the 

tap weights (for zero group delay distortion). In a preferred 1 r.i_ ^ . t c - 

implementation, the b (i.e., feed-forward) coefficients bo <=f"Pl«"y °f the downstream analog filtermg. According to 
through b,, arc as follows: ^.^ preferred embodiment of the invention digital low pass 

niter process 76 is realized by way of an FIR implementation 
J with symmetric tap weights, which minimizes the overall 

bo = b4=b2g=b32 = +-^ 15 delay distortion through AFE 12. A particularly advanta 

geous realization of digital low pass filter 76 uses seven taps; 
bi-hi - 0 fourteen non-zero bits, which permits the multiplica- 

tions to be implemented simply with a small number of shift 
and add circuits in AFE 12. In this example, the tap weights 
20 are set as follows: 



t2 = i^o--(^ + 256) 

i,,=i,, = fr23=i'26 = -(^ + j^] = = -32 -128' ^^=^'=-64 



^ ~ ~ 32 ~ 256 According to the preferred embodiment of the invention; 

J and particularly for implementing a known standard such as 

bio = ^22 = + ^ the T1E1.413 standard, these power-of-two tap weight cocU 

J J ficients are preferably hard-wired into AFE 12: 

i'li = ^21 = ^ + p Alternatively, especially considering the rate at which tele- 

^ communications standards can change over time, AFE 12 

bi2 = b2o = ■*•—•*■ I may provide a register or other addressable location into 

which the number of taps, and the tap weight coeflSdents, 
bis - fri9 = -f — + — 1 naay be made programmable. The output of digital low pass 

filter 76 is preferably multiplied by a value 

f ] 1 \ 

bi4 - bii 



(32 128) 



£,16 = i + -L + -L so that its gain does not exceed 6 dB at any frequency. The 

result of digital low pass filter process 76 is then applied to 
digital-to-analog converter (DAC) 48C, as shown in FIG, 4: 

Digital low pass filter 71 provides appropriate in-band psd in 45 As a result of digital high pass filter process 72, if usedi 

the 1104 to 2208 kllz band, according to current T1E1.413 and digital low pass filter 76, the complexity of downstream 

standards. analog filtering is greatly reduced from that required by 

Digital high pass filter 72 may next be performed by AFE current DSL standards. While the stop-band requirements 

12 as part of filter block 46C of FIG. 4. Digital high pass for the analog signal are not modified by digital filter 

filter 72 is preferably a first-order high pass filter, for 50 processes 72, 74, the transition band characteristics are 

example with a -3 dB comer frequency of 10.7 kHz, greatly eased, such that no additional attenuation is required 

implemented by way of conventional digital filter design at 1.5 MHz, and that only an attenuation of -4 dB at 3 MHz 

techniques as an infinite impulse response (IIR) filter. In an is necessary, in this implementation. This amount of filtering 

exemplary implementation, the total ripple resulting from is relatively easy to implement with simple analog filtering; 

filter 72 is approximately 0.55 dB over the bandwidth of 25 55 as will be discussed hereinbelow. 

kHz to 1104 kHz, with a group delay varying from 1.7 jwsec The state of switches SI through S4 will be determined by 

at 25 kHz to 1.7 nsec at 1104 kHz. Filter 72, when used in control signals from digital transceiver 10 in this embodi- 

combination with a POTS splitter at the central office, ment of the invention, depending upon the fi-equency at 

satisfies the POTS-band interference specifications of the which the digital output is presented by digital transceiver 

T1E1.413 standard. 60 10. For example, if the output of digital transceiver function 

Interpolation filter process 74 is another instance by way 10 is at 2208 kHz, switches S3 and 54 will be closed and 

of which one or more of oversampling registers 46C switches SI and S2 will be open, so that both interpolation 

increases the sample rate by a factor of two, again by filters 70, 74 and also digital high pass filter 72 are applied 

inserting zero-valued samples between each actual digital to the digital data. Alternatively, if the output of digital 

input sample. In the instance of interpolation filter process 65 transceiver function 10 is already at 4416 kHz, switch SI 

74, the appropriate one of oversampling registers 46C is will be closed, switch S3 will be open, and switches S2, S4 

loaded at 4416 kHz and its output sampled at 8832 kHz, will be open or closed depending upon whether the high pass 
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filter of process 72 is necessary. This provides a significant 
degree of flexibility in the implementation of AFE 12. 

Referring back to FIG. 4, the filtered digital data is now 
applied to digital-to-analog converter (DAC) 48C. FIG. 6 
illustrates an example of the construction of DAC 48C 5 
according to the preferred embodiment of the present inven- 
tion. DAC 48C, according to the preferred embodiment of 
the present invention, is a 14-bit current steering architecture 
DAC which operates at 4x oversampling, for a conversion 
rate of 8832 kHz. According to the preferred embodiment of lO 
the invention, DAC 48C is realized by a 7-bil coarse 
subDAC MSB array 78, in combination with LSB array 80 
which includes two time-interleaved 7-bit fine subDACs. 
Coarse MSB subDAC 78 consists of 128 PMOS cascode 
current sources, in combination with which the two fine 15 
subDACs in LSB subDAC array 80 form the cascodes of 
two additional calibrated PMOS current sources. All of the 
subDACs utilize a common centroid layout topology. 

According to modem manufacturing technology, process 
control is contemplated as suflScient to guarantee the nec- 20 
essary linearity of the LSB DAC, but not of the MSB DAC; 
as such, the current sources of the subDACs of arrays 78, 80 
are continuously calibrated via calibration circuit 85 and 
calibration logic 84. This calibration is carried out at a rate 
that is in the unused portion of the frequency spectrum 25 
between 4 kHz and 25 kHz, e.g., of 4.190 kHz, to avoid 
instability caused by a spurious tone at the calibration 
frequency while compensating for an estimated error due to 
charge leakage from the calibrated PMOS gate in each 
current source. This calibration technique is described in 30 
detail in D. W. J. Groencvcld, et al., "A Self-Calibration 
Technique for Monolithic High Resolution D/A 
Converters",/. Solid State Circ., Vol. SC-24 (IEEE, Decem- 
ber 1989), pp. 1517-1522. While this calibration is prefer- 
ably made linear to the full 14-bit resolution of DAC 48C, 35 
the 7-bit subDACs in array 80 are only required to be linear 
to a 7-bit resolution. 

DAC 48 C includes current output switches 82, which 
switch the current sources of arrays 78, 80 either to amplifier 
88 (DAC output) or to calibration circuit 85. The two fine 40 
subDACs in LSB subDAC array 80 form the cascodes of 
two additional calibrated PMOS current sources, and are 
time-interleaved so that one entire subDAC cascode can be 
switched into calibration circuit 85 while the other is con- 
nected to amplifier 88 at the DAC output. Further, both a 45 
spare MSB current source for MSB array 78 and both 
subDACs in LSB array 80 may be switched by current 
output switches 82 into a "hold" state, where current is 
switched neither to amplifier 88 nor to calibration circuit 85. 

Binary-to-thermometer decoder 85 provides thermometer so 
decoding for the coarse subDAC in array 78; the 7-bit fine 
subDACs in array 80 utilize a combination of five-bit 
thermometer and two-bit binary decoding from decoder 85, 
for a 5-2 segmented decode, for purposes of chip area 
reduction. 55 

The output current from arrays 78, 80 is an integer 
multiple of a reference current generated in bias and refer- 
ence circuitry 86. Reference current circuitry 86 converts a 
precision reference bandgap voltage into a reference current 
using an amplifier in unity-gain feedback configuration with 60 
output connected to a resistor. The connection made to 
complete the feedback loop in about the reference amplifier 
is digitally selectable at sixteen taps on the reference resistor. 
The digitally trimmed resistor in reference current circuitry 
86 has a ±8% range selectable at 1% intervals. In addition, 65 
the reference resistors is preferably matched, with regard to 
process tolerances, relative to the feedback resistor in ampH- 
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fier 88, to convert the DAC output current into an output 
voltage via resistive feedback. This matching allows the 
output voltage of DAC 48C to be a ratio of the resistors 
present in amplifier 88 and in reference current circuitry 86 
so as to eliminate, to a first order, the dependence of the 
output voltage of DAC 48C upon the absolute value of these 
resistors. Remaining error mechanisms include the offset 
voltage of amplifier 88 and the inherent offset current 
between the reference and calibrated currents. These remain- 
ing oflfeet errors contribute to a full-scale DAC gain error- 
requiring the ±8% trim range on the reference resistor to trim 
the gain of DAC 48C to within 1% of the desired value. ; 

Because of this construction of DAC 48C, the output 
waveform is of the stair-step (zero-order-hold) type. The 
power-spectral-density (psd) of the output of DAC 48C is 
thus effectively modulated by a frequency response as 
follows: 

m 

In this case, as noted above, sample frequency f^ is 8832 
kHz. This modulation insignificantly distorts the 1104 kHz 
pass-band; if desired, this distortion is precompensated in 
digital transceiver 10 during IFFT process 22C. In any event j 
the psd modulation provided at the output of DAC 48C 
provides some of the stop-band rejection that is otherwise 
required of the downstream analog filtering, thus reducing 
the complexity of such analog filters. 

As shown in FIG. 4, the analog output of DAC 48C is 
applied to analog low-pass filter 50C. Analog low-pass filter 
50C, according to the preferred embodiment of the present 
invention, is a third-order Chebyshev continuous-time filterj 
implemented according to conventional techniques, v^ath a 
ripple preferably less than ±0.5 dB at the nominal 1.325 
MHz passband. This relatively simple analog filter is 
enabled by the extent of the digital filtering previously 
provided by filters 46C in filter functions 72, 76 as discussed 
above. 

Depending upon the particular psd specifications of the 
operative DSL standard, analog low-pass filter 50C may or 
may not be trimmable so as to meet the specifications over 
expected process variations. Of course, because of the 
integrated implementation of AFE 12, it is preferred that 
analog low-pass filter 50C be untrimmed, despite the varia-^ 
tions in the comer frequency that may occur. However; 
given the current T1E1.413 "Issue 11" standard, it is con-^ 
templated that the addition of one trimming bit (fuse) may 
be necessary in order for AFE 12 to meet the overall psd 
requirements. 

Additionally, it has been observed that the worst case 
group delay presented by analog low pass filter 50C, which 
is at a corner frequency 40% lower than nominal, varies over- 
frequency from about 285 nsec to about 655 nsec. This loW 
group delay results directly from the low complexity of 
analog low pass filter 50C, which was enabled by the 
implementation of digital filters 46C discussed above. Com-; 
bined with the worst case group delay presented by digital 
filters 46C, the overall worst case group delay through the 
transmit side of AFE 12 is approximately 1.78 ^asec, which 
is suitable for DSL commimications. 

The output of analog low pass filter 50C is presented to 
programmable attenuator 52C, which is constructed accord-l 
ing to conventional techniques. Programmable attenuator 
52C provides 0 dB to -24 dB attenuation, selectable in 1 dB 
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Steps by way of a control word written to AFE 12 (for different gain. However, changes in the gain of program- 
example into interface and control function 42C). The input mable gain amplifier 54C will also change its high frequency 
referred noise as applied to programmable attenuator 52C is behavior. Specifically, the high-pass filter established by 
preferably on the order of -138 dBmAIz so as not to degrade external capacitor 89 of capacitance Cgp will have a pole 
the signal-to-noise ratio of the output signal from DAC 48C; 5 determined by 
such a noise requirement is believed to be within the 

capability of current technology. The output of program- 1 
mable attenuator 52C is presented on lines TXP, TXM to line /f^Cg, ' 

driver 14, and corresponds to an analog signal correspond- 
ing to the data to be transmitted, encoded in the manner . „ . .... 
implemented by digital transceiver 10, and with the fre- '° ^^ere R..„ is the mput resistance. TTiese changes m high 

quency characteristics specified by the applicable DSL frequency operation wU thus change the frequency response 

^ ■* * inc overall circuit 

standard, such as Tibl^413 Referring now to FIG. 8, the implementation of program^ 

In the event that POTS traffic is to be conveyed over ^^^^^ gain ampUfier 54C in combination with impedance 

twisted pair wire facility TWP the use of an external matching circuit 56, according to the preferred embodiment 

high-pass filter between AFE 12 and twisted pair wire of the present invention, will now be described in detail The 

facility TWP is preferred to remove POTS trarisients. construction and operation of programmable gain amplifier 

Referring now to the receive side of AFE 12, lines RXP, 54c remains as described above relative to FIG. 7, In the 

RXM are received from line driver 14 by programmable preferred embodiment of the invention as illustrated in FlCi 
gain amplifier 54C. Programmable gain amplifier 54C pref- impedance matching circuit 56 is connected to extemal 

erably amplifies the incoming signal in a fine manner, from coupling capacitor 89, between bond pad BP and first input 

0 dB to 3 dB in 1 dB steps, selectable by way of a control resistor Rl at the input of programmable gain amplifier S4C. 

word. According to the preferred embodiment of the present Impedance matching circuit 56, in this embodiment of the 

invention, the input impedance of programmable gain invention, includes multiple resistors, connected in series 

amplifier 54C is adjusted by impedance matching circuit 56 between the input to programmable gain amplifier 54C and 

to present a constant input impedance to line driver 14 at ground. Switches S3X', S23', S12' are connected betweeq 

lines RXP, RXM, regardless of the selected gain of amplifier intermediate nodes of respective ones of resistors RIX, R13j 

54C, as will now be described relative to FIGS. 7 and 8. ^^2, RU and ground, so that each of S3X*, S23', S12', when 

FIG, 7 illustrates programmable gain ampUfier 54C, closed, shorts out one or more of resistors RI3, RI2, RIl in 

implemented in the conventional fashion. In this example, impedance matching circuit 56. According to the prefer^^ 
input line RXP is capacitively coupled to the integrated '° emlx)dnnent of the mvention s^^ 

circuit (such as that constituting AfE 12) via external ^"^^V i'"" T "^^^1%?^^^^: ^ h ' 

... ^ . o(\ jT>n lively; for example, when switch S23 is closed and switches 

high-pass coupling capacUor 89 connected to bond pad BP ^^^^^ 523- will be closed and switched 

of the integrated circuit (boundary B of FIG. 7 illustrating g^j^, will all be ooen 

the chip boundaiy of the integrated circuit). Programmable 35 ^^j^^^ ^^^^^^ ^jx, RI3, RI2. RIl are selected to 

gain amplifier 54C has its gain programmably set through correspond to the values of resistors Rl, R2, R3. RX in such 

operation of switches S12, S2J, S3X, which are connected ^ ^^^^^ ^^j^j^j^ ^^^^ ■ resistance presented at 

between the mverUng input of operation^ amphfier 90 and ^^^^ gp substantially constant over the available gain 

nodes between resistors Rl R2, R3, RX, which are con- ^^^^^ .j^j^ because the frequency response of the com^ 
nected in series between the output of amplifier 90 and ^„ ^ination of programmable gain amplifier 54C and impede 

^"i^^", "P"^!'" of resistois Rl, ^^^^ ^^^jj ^e proportional to: 

R2, R3, RX will typically vary among themselves, depend- 
ing upon the range and resolution of programmable gain ^ 
levels desired for amplifier 54C. The non-inverting input of (/?- \\R56)Cb9 

amplifier 90 is biased to ground, and the output of amplifier 
90 is forwarded to analog low pass filter 58C (FIG. 4); 

alternatively, amplifier 90 may be implemented as a differ- where Rjg corresponds to the resistance through impedance 

ential amplifier, particularly where two lines are used to matching circuit 56 for a given selection of switches S3X', 

communicate analog signals as noted above (it being con- S23', S12*. 

templated that those of ordinary skill in the art will be In the arrangement of FIG. 8, the input resistance pre- 

readily able to implement differential versions of the ampli- senied at bond pad BP will be equal to the sum of the 

fier circuits which are described herein relative to single- resistors Rl, R2, R3 selected as input resistors to amplifier 

ended inputs). ^ITie stale of switches S12, S23, S3X deter- 90. in parallel with the corresponding ones of resistors RIX; 

mine the gain of programmable gain amplifier 54C, by RI3, RI2, RIl that are in the series connection between bond 

setting the ratio between feedback and input resistance as pad BP and ground through impedance matching circuit 56; 

seen by amplifier 90. As is fundamental in the art, the For example, if switches S23 and S23' are closed, with all 

inverting gain of an operational amplifier is proportional to other switches in programmable gain amplifier 54C and 

the ratio between the feedback resistance and the input impedance matching circuit 56 open, the input resistance 

resistance. For example, if switch S23 is closed and all other presented by programmable gain amplifier 54C will corre- 

switches S12, S3X are open, the gain of programmable gain spond to resistors Rl, R2 in parallel with resistors RIX, RI3j 

amplifier 54C will be proportional to or 

RX+R3 {Rl-^R2)[RIX^Ri3) 



R1 + R2' (Rl-t-R2) + (RIX + Rl3) 

65 

Other combinations of switches S12, 823, S3X will select Similarly, if switches S12 and S12' are closed, with all other 

different ratios of feedback to input resistance and thus switches open, the input resistance presented by the com- 
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binaiion of programmable gain amplifier 54C and imped- 
ance matching circuit 56 will correspond to: 

{Hi + R2){RIX + HI3) 



One can readily set the values of resistors Rl, R2, R3, RX, 
and resistors RIX, RI3, RI2, RU in such a manner as to 
minimnize the variation of input resistance over the avail- 
able universe of selection for switches S3X*, S23', S12'. For 
example, the following values of resistance for resistors Rl, 
R2, R3, RX, and resistors RIX, RI3, RI2, RU will provide 
a relatively constant input impedance: 



10 
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frequencies, is that which is generated by the transmit side 
of AFE 12 itself; as noted above, the transmit side of AFE 
12 will be generating signals spanning the band from 25 kHz 
to 1104 kllz, with a psd that varies between -52 dBm/IIz to 
-40 dBm/Hz, depending upon hybrid performance. The 
worst case situation arises when the return loss through 
hybrid 16 in central ofiBce modem 8 is low but where the 
loop attenuation is high, resulting in the echo power from the 
transmit side of AFE 12 to be high relative to the received 
signal power from remote modem 15 over twisted pair 
facility TWP. In this situation, AFE 12 is preferably con-i 
trolled so that the gain of programmable gain amplifiers 54C 
(in combination with a coarse programmable gain amplifier 
within line driver 14) is set to produce signal power in a 
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Of course, it is contemplated that those of ordinary skill in 
the art will be readily able to similarly realize programmable 
gain amplifier 54C in combination with impedance match- 
ing circuit 56 with dijfferent resistance values, according to 
particular realizations. 

Because of the implementation of impedance matching 
circuit 56, the gain of programmable gain amplifier 54C can 
be programmably selected based upon the particular char- 
acteristics of the subscriber loop currently in communication 30 
with central office modem 8 within which AFE 12 according 
to the preferred embodiment of the invention is realized, 
without altering the input impedance presented by AFE 12 
to line driver 14 and the remainder of the system. 
Accordingly, the response of AFE 12 to received signals is 35 
greatly improved by the implementation of impedance 
matching circuit 56. 

Referring back to FIG. 4, the output of programmable 
gain amplifier 54C is presented to analog low pass filter 58C, 
followed by amplification by programmable gain amplifier 
60C and analog-to-digital conversion by analog-to-digital 
converter (ADC) 62C. In this system on the receive side of 
AFE 12, analog low pass filter 58C is provided primarily to 
avoid aliasing corruption of the low frequency signal band 
(DC to 138 kHz). Analogously as described above relative 
to analog low pass filter 50C, analog low pass filter 58C may 
be implemented as a relatively simple analog filler, such as 
a third order Chebyshev filter realized as an active RC 
network in the conventional manner, with 6.0 dB pass-band 
gain, and a corner frequency of about 155 kHz, Preferably, 
given the integration of AFE 12 into an integrated circuit, 50 
polysiUcon resistors and poly-to-poly capacitors are used in 
analog low pass filter 58C, despite the sensitivity of these 
components to process variations. Trimming may be used in 
the manufacture of AFE 12 to adjust analog low pass filter 
58C; however, such trimming only to an accuracy of ±13% 55 
variation in the corner frequency is necessary, given the 
presence of digital filters 64C downstream from analog low 
pass filter 58C as will be described hereinbelow. According 
to the preferred embodiment of the invention, such trimming 
is enabled by way of multiple parallel capacitors, for 60 
example in the feedback loop of operational amplifier 
circuits, and which may be selectably switched into or out of 
the circuit; as is known in the art, the control of such 
switches may be effected by logic functions controlled by 
the state of fuses at their inputs. 65 

In this exemplary implementation, the source of signal 
that may be aliased into the received signal, at these 



range of from -2.44 dBm to -1.44 dBm at the input to 
analog low pass filter 58C. Assuming that return loss 
through hybrid 16 is frequency-independent, this gain corT 
responds to -61.75 dBm/Hz in the transmitted signal band 
of 30 to 1104 kHz, rolling off by -24 dB/oclave after 1104 
kHz. As will be noted hereinbelow, ADC 62C samples at a 
rate of 4416 kHz in this exemplary embodiment, such that 
the low end of the aliased band at ADC 62C is at 2208 kHz; 
the above gain combination results in a psd at 2208 kHz of 
-85.75 dBm/Hz. Considering that the attenuation provided 
at 2208 kHz by analog low pass filter 58C according to the 
preferred embodiment of the invention is at least -65 dB, 
and even considering a 5.5 dB gain provided by program- 
mable gain amplifier 60C, the psd above 2208 kHz at the 
input of ADC 62C is at most -145.25 dBni/Hz, substantially 
eliminating aliasing distortion, as this level is at least -9 dB 
below the quantization noise of ADC 62C according to this 
embodiment of the invention. The group delay presented by 
analog low pass filter 58C according to this embodiment of 
the invention is expected to vary from on the order of 2.3 
/isec to 5.25 |<sec over the pass band, resulting in a distortion 
of about 3 //sec overall. 

The gain required to bring the signal level to -1.44 dBm 
in this worst case, where the received upstream signal is 
much smaller than the echo from hybrid 16, is contemplated 
to be so large (e.g., on the order of 9 dB) as to saturate analog 
low pass filter 58C if significant upstream signal is present 
due to a short loop, or if echo power is reduced because of 
return loss through hybrid 16, since this signal is entirely 
within the pass band of filter 58C. As such, programmable 
gain amplifier 54C would have its gain downwardly adjusted 
in this circumstance. 

As noted above, the output of analog low pass filter 58G 
is applied to a second programmable gain amplifier 60C 
which, in this example, provides a gain ranging from about 
2.5 dB to about 5.5 dB in 1 dB steps, and provides an output 
signal voltage swing of about 4 volts peak-to-peak. The 
output of second programmable gain ampfifier 60C is 
applied to ADC 62C. 

ADC 62C in this embodiment of the invention converts 
the received analog signal into digital words at a fixed 
sample rate of 4416 kHz, with 14-bit resolution. Convent 
tional ADC implementations may be used for ADC 62G 
according to this embodiment of the invention. Linearity is 
preferably maximized by trimming during manufacture: 
Reference voltage circuit 68C preferably applies a stable 
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reference voltage, such as a bandgap voltage, to ADC 62C, 

to provide a highly accurate conversion over temperature. bo~bi2- — 

The output of ADC 62C is applied to digital filters 64C. 

Referring now to FIG. 9, the signal flow through digital ^^^^ L 

filters 64C, in combination with oversanopling registers 44C, ^ 32 64 

will now be described in detail. As illustrated in FIG. 9, = ^lo = — 

decimation filter process 92 is first applied to the digital data 

from ADC 62C, in order to reduce the sample rate and thus ^3 = ^9 = — + — 

reduce the complexity of the downstream digital FIR low ^ 

pass filter 94. In this embodiment of the invention, the = = i + i + _L 

sample rate of ADC 62C is 4416 kHz, as noted above; 

decimation filter process 92 implements a four-tap FIR with 

all four taps having the same value of 0.25. The resulting 

modulation of decimation filter process 92 is: 15 - 1 + _L + _L 

" 4 64 ^ 128 



64 128 
^=^ = 4-64^128 



0.25exi 



According to the preferred embodiment of the invention ^ 
H ^/cJ . ( f] these tap weight coeflicients may be hard-wired into digital 



20 filter 64c for the particular standard (e.g., T1E1.413); 
Alternatively, and particularly where the DSL standards are 
expected to be fluid, digital filters 64C may be implemented 

The sample rate reduction provided by decimation filter , in such a manner that the number of taps and their tap weight 

process 92 aliases the portion of the output spectrum of ADC coefficients are programmably selectable; of course, the 

62C above 1104 kHz into the DC to 1104 kHz band. This ^5 complexity of the circuitry required for such programmar 

reduced rate digital stream is then apphed to digital low pass bility wiU necessarily increase. 

filter 94 output of digital low pass filter function 94 is applied 

to interpolation filter 96, or bypassed via operation of 

Digital low pass filter 94, m this embodiment of the switches S5, S6 as shown in FIG. 9. In this embodiment of 

invention, is an FIR digital filter that is operating at a sample the invention, interpolation filter 96 is implemented by 

rate that is twice the output spectrum of decimation filter 92, 30 oversampled registers 44C, with the output sampled at twice 

or 2208 kHz in this example. The decimation provided by the frequency (e.g., 4416 kHz) at which digital low pass 

decimation filter process 92 reduces the complexity of filter 94 loads the same (e.g., 2208 kHz). The determination 

digital low pass filter 94, enabling its implementation as a of whether to utilize interpolation filter 96 depends upon the 

13-tap HR filter with symmetric tap weights (rather than a ^^esired sample input rate of digital transceiver 10. 

25.tap filter with 53 non-zero tap weight bits), thus greatly . According to the preferred embodiment of the present 

reducing the complexity of filter 94 and facilitating its mvenUon, AFE 12 m central office modem 8 may be realized 

realization in the integrated circuit of AFE 12, even consid- ^^ingle mlegraled circuU due to the reduced comp exUy 

, , . • J r J • /-i. of the analog filters 50C, 58C, such reduced complexity 

enng the chip area required for decimation filter process 92. ^^^^j^^ ^^^^ ^^^^^^^ ^.^.^^j ^^^^^^ ^^^^ ^^^^ 

The transfer fiinction realized by digital low pass filter 94 40 Furthermore, according to the preferred embodiment of the 

is preferably determined as a tradeoff between pass-band present invention, the digital filtering performed by digital 

ripple and stop-band rejection, while still maintaining low filters 46C, 64C in the digital domain of AFE 12 can be 

complexity. In this regard, one may assume that the pro- realized by FIR filters, using tap weight coefficients that 

cessing implemented by digital transceiver function 10 in its involve relatively few non-zero bits, in order to facilitate the 

receive side, as discussed above, wiU decimate the signal 45 realization of AFE 12 in a sinigle integrated circuit. The 

sample rate to on the order of 276 kHz, and cancel echo ability to integrate these functions, along with the significant 

components up to at least 414 kHz, which defines the reduction in required component trimming in manufacture; 

frequencies to be filtered by digital low pass filter to begin greatly reduces the cost of the analog front-end function in 

at about 414 kHz. According to the preferred embodiment of DSL modems, and also improves the overaU system perfor- 

the invention, digital low pass filter 94 has a comer fre- mance. 

quency of about 414 kHz, with stop-band rejection of on the Referring now to FIG. 10, the construction and operation 

order of -32 dB. Of course, if the echo psd is lower, or the 11 in remote modems 15 wiU now be described in 

signal psd higher, than the worst case, or if the echo detail As was the case with y^E 12 m central^^^^ 

cancellation implemented by digital transceiver function 10 „ "^P^^^"^ '^^'^^ ^.^1 V^^^f ^. T^^'"^ 

^ , . . . - .u . u 1 • 55 mto a Single integrated cucuit, either limited to its functions 

extends to a higher frequency, the stop band rejection ^ T- 1 • * * j -.L - e^i^ *i_ t 

. c J- 1 1 n/ J or alternatively integrated with certam of the other functions 

requirements for digital low-pass filter 94 are eased. , j- . 1 * • c 11 t- j ■ j .i. 

^ . such as digital transceiver nincuon 13, line driver 17, and the 

According to the preferred embodiment of the invention, like As will be evident from the following description, the 

digital low-pass filter function 94 implements a 13-lap FIR functionality of AFE 11 is quite similar to that of AFE 12 

filter that may be realized simply as a collection of registers 60 described hereinabove, to the extent that AFE 11 and AFE 12 

and adders (i.e., without a dedicated multiplier), due to the may be implemented on a common integrated circuit, with 

selection of the tap weight coefficients to involve a smaU metallization selection or fuse progranmming used to 

number of non-zero bits. The complexity of digital low pass determine, for a given integrated circuit, whether it is to 

filter 94 is instead determined by the number of non-zero bits serve as remote AFE 11 or a central office AFE 12. 

in its tap weight coefficients which, in this exemplary 65 As in the case of AFE 12, AFE 11 according to this 

embodiment, are no more than twenty-seven, given the embodiment of the present invention is intended to provide 

following selection of tap weight coefficients: all loop interface components that are not exposed to high 
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voltages, such as a high-pass fiher, transmitter power driver, included therein, but is not shown for purposes of clarity of 

four-wire to two-wire hybrid, and a receiver coarse pro- this description. As shown in FIG. 10, AFE 11 also includes 

grammable gain amplifier, such elements being external to oversampling register 44R which comprises one or more 

AFE 11 (e.g., implemented within line driver 17 and hybrid register stages, as may be used in AFE 11 in realizing the 

19). 5 digital filter operations which will be described hereinbelow. 

As in the case of AFE 12, AFE 12 includes a transmit side Referring now to the signal transmit side of AFE 11- 

and a receive side. Additionally, a second transmit side 53 is digital fiUers 46R receive digital data words from oversam-^ 

provided in AFE 12, which is identical to the signal transmit pling registers 44R, and implement digital filter operations 

side illustrated in FIG, 10, for purposes of providing time upon these digital data words, prior to digital-to-analog 

domain echo cancellation. In this regard, echo cancellation lO conversion. Referring now to FIG. 11, the data flow through 

transmit side 53 drives lines ECP, ECM with analog signals digital filters 46 R, in combination with oversampling reg-^ 

corresponding to those generated by AFE 11 on lines TXP, isters 44R, for the exemplary implementation of the pre- 

TXM; Hnes ECP, ECM are applied to the line receiver ferredembodimentof the invention will now be described in 

externally from AFE 12 (e.g., at line driver 17), to provide detail. 

a scaled copy of the low-frequency upstream transmit signal 15 As illustrated in FIG. 11, the digital filtering process 

that can be used to cancel any echo signal generated by the executed by AFE 11 includes multiple options, which are 

transmit side of AFE 11. selectable by switches S7 through SIO, depending upon the 

In this embodiment of the invention, the transmit (both frequency and characteristics of the digital data provided by 

primary and echo cancellation transmit side 53) and receive digital transceiver function 10. Interpolation filter 94, as iri 

sides share interface and control function 42R, by way of 20 AFE 12, increases the sample rate by a factor of two, (e.g., 

which AFE 11 communicates with digital transceiver 13. As from 2208 kHz to 4416 kHz) simply by loading one of 

before, interface and control function 42R includes a parallel oversampling registers 46R at half the rate that the output is 

digital interface, by way of which digital words to be sampled. As noted above, this operation realizes a filter with 

transmitted by remote modem 15 are received by AFE 11, a transfer function of 1+z"^, and involves zero group delay 

and by way of which data received from twisted pair facility 25 distortion. Because of the relatively low frequencies of these 

TWP and processed by AFE 11 are communicated as digital signals (maximum signal frequency being 138 kHz), modu- 

words to digital transceiver 13. According to the preferred lation arising from this filter is insignificant, 

embodiment of the invention, this parallel interface is a Digital high pass filter 96 may next be performed by AFE 

sixteen-bit parallel interface, with edge-triggered read and 12, as part of filter block 46R of FIG. 4. As in the case of 

write strobe inputs for controlling the reading of data 30 AFE 12, digital high pass filter 72 is preferably a first -order 

therefrom and writing of data thereto, respectively. high pass filter, for example with a -3 dB comer frequency 

Additionally, interface and control function 42R includes of 10.7 kHz, implemented by way of conventional IIR 

multiple control registers for storing control words that set digital filter design techniques. The characteristics of digital 

the state of various functions in AFE 11, such as gain values high pass filter 96 in AFE 11 are preferably similar to those 

for the various programmable amplifiers, switch control for 35 described hereinabove for digital high pass filter 72 in AFE 

the bypass or enable of various filter blocks and functions (as 11. 

will be described hereinbelow), and in the case of AFE 11, Digital low pass filter process 98 is then applied to the 

for setting the gain of a receive equalizer function (also digital signal (to the extent filtered by functions 94, 96), to 

described in further detail hereinbelow). effect band-limiting on the digital data so as to ease the 

Interface and control function 42R also includes the 40 complexity of the downstream analog filtering. It has been 

appropriate signal interface for receiving and providing observed, according to the present invention, that the analog 

control information from and to digital transceiver 13. In this filtering of upstream DSL communications can be reduced 

embodiment of the invention, serial port SP is provided to from a fourth order analog filter to a second order analog 

receive control information such as used to set the frequency filter through use of digital low pass filter 98; noise contri- 

of clock signals, as will be noted below. Conventional scan 45 bution of downstream analog filtering is also reduced, as 

testing, such as according to the JTAG standard, is also well. According to the preferred embodiment of the 

preferably implemented via interface and control function invention, digital low pass filter process 98 is realized by 

42R. way of an infinite impulse response (IIR) implementation 

Clock circuitry 66R is shared by the transmit and receive with a comer frequency at about 138 kHz. A particularly 

sides of AFE 11, and provides the corresponding clock 50 advantageous realization of digital low pass filter 98 is a 

control for synchronous operation thereof. According to the third order IIR filter that approximates an elliptic response 

preferred embodiment of the present invention, clock cir- with minimal (±0.5 dB) pass-band ripple. A preferred exem- 

cuitry66R generates internal (and, if desired, external) clock plary realization utilizes a time-domain filter equation as 

signals based upon an external voltage controlled crystal follows: 

oscillator (VCXO) 65X. As discussed hereinabove relative 55 

to AFE 12, 12-bit serial digital-to-analog converter (DAC) y(n)-a,y(n-iKa,yCn-2)+a3y(n-3)+b,x(n-iKb^x(n-2>b^Cn-3) 

63R in AFE 11 produces an analog control voltage that is where the coefficients are defined as follows: 

applied to external voltage controlled crystal oscillator 65X, ^ 

in response to control signals received by interface and bi=b3=2 -2 

control function 42R (specifically via update signals applied 60 bz— 2-'+2*^° 

to serial port SP therein). . , ^ _« „ 

a =2+2~ +2 +2 — 2 — 2~ 

Voltage reference 68R, preferably a stable voltage refer- * 

ence circuit such as a bandgap reference, is also shared by a2=-2-2-V2"^ 

the transmit and receive sides of AFE 11. The other circuitry ^ _2_i^2-2_2-9 

used in the operation of AFE 11, such as power supply 65 * 

distribution and regulation, general purpose port This particular implementations deviates from the ideal 

communications, and the like, may of course also be digital elliptic filter to a slight extent, in order to reduce 
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circuit complexity by maintaining coefficients that have 
relatively few non-zero bits, and which thus may be imple- 
mented without multipliers. This deviation has been 
observed to result only in a 0,25 dB droop at the comer 
frequency, which is tolerable in this application. Even con- 
sidering the IIR implementation of digital low pass filter 98 
in this embodiment of the invention, the group delay varies 
from only about 2.21 |<sec (at 25 kHz) to 3.76 /isec (at 138 
kHz). 

According to the preferred embodiment of the invention, 
and particularly for implementing a known standard such as 
the T1E1.413 standard, these tap weight coeflScients are 
preferably hard-wired into AFE 11. Alternatively, especially 
considering the rate at which telecommunications standards 
can change over time, AFE 11 may provide a register or 
other addressable location into which the number of taps, 
and the tap weight coefficients, may be made programmable. 
The result of digital low pass filter process 98 is then applied 
to digital-to-analog converter (DAC) 48 R, as shown in FIG. 
10. According to the preferred embodiment of the invention, 
the construction of DAC 48R according to the preferred 
embodiment of the present invention is substantially similar 
as that described hereinabove for DAC 48C, relative to FIG. 
6, to which attention is directed. 

As shown in FIG. 10, the analog output of DAC 48R is 
applied to analog low -pass filler 50R. Analog low-pass filter 
50R, according to the preferred embodiment of the present 
invention, is a second-order Chebyshev continuous-time 
filter, implemented according to conventional techniques, 
having a nominal 166 kHz passband. This relatively simple 
analog filter is enabled by the extent of the digital filtering 
previously provided by filters 46R in filter fimctions 96, 98 
discussed above. Because of the integrated implementation 
of AFE 11, it is preferred that analog low-pass filter 50R be 
untrimmed, despite the variations in the corner frequency 
that may occur. It is contemplated, assuming typical process 
variations in modem manufacturing technology, that the 
resulting 40% variations in pass-band corner frequency 
about the nominal comer frequency of 166 kHz will satisfy 
the ripple specification over the 138 kHz signal band at the 
worst case. 

Additionally, it has been observed that the worst case 
group delay presented by analog low pass filter 50R, which 
is at a comer frequency 40% lower than nominal, varies over 
frequency from about 1.14 ^c to about 1,82 /isec. This low 
group delay results directly from the low complexity of 
analog low pass filter 50R, which was enabled by the 
implementation of digital filters 46R discussed above, which 
is suitable for DSL communications. 

The output of analog low pass filter 50R is presented to 
programmable attenuator 52R, which is constructed accord- 
ing to conventional techniques. Similarly as described here- 
inabove for AFE 12, programmable attenuator 52R provides 
0 dB to -24 dB attenuation, selectable in 1 dB steps by way 
of a control word written to AFE 11. As before, the input 
referred noise as applied to programmable attenuator 52R is 
preferably on the order of -138 dBm/Hz so as not to degrade 
the signal-to-noise ratio of the output signal from DAC 48R, 
The output of programmable attenuator 52R is presented on 
lines TXP, TXM to line driver 17, and corresponds to an 
analog signal corresponding to the data to be transmitted, 
encoded in the manner implemented by digital transceiver 
13, and with the frequency characteristics specified by the 
applicable DSL standard, such as TlEl.413. 

Referring now to the receive side of AFE 11, lines RXP, 
RXM, which are driven by line driver 17 in response to 
communication signals received over twisted pair facility 
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TWP from central office modem 8, are received by equalizer 
57. According to the preferred embodiment of the invention, 
equalizer 57 is provided to compensate for line attenuatioii 
over twisted pair facility TWP, particularly at the higher 

5 frequencies at which downstream data are communicated in 
ADSL technology. 

In particular, as noted above, the bandwidth over which 
downstream communication is carried out in this ADSL 
technology is between 25 kHz and 1.104 MHz. When 

10 signals over this wide bandwidth are applied to a conven- 
tional twisted pair telephone line, such as twisted pair 
facility TWP, significant attenuation can often occur. This 
attenuation is exacerbated with decreasing wire gage, with 
increasing wire length, and with increasing signal frequency; 

15 FIG. 12 plots the attenuation for various lengths and gage of 
wire, as shown by curves 100, 102, 104, 106, 108. Curves 
100, 102, 106 Ulustrate the line attenuation for 1000 feeti 
9000 feet, and 18,000 feet, respectively, of 24 AWG twisted 
pair wire; curves 104, 108 illustrate the line attenuation for 

20 9000 feet and 18,000 feet, respectively, of 26 AWG twisted 
pair wire. As is evident from FIG. 12, line attenuation can be 
quite severe in some cases; for example, a 1 MHz signal will 
be attenuated up to on the order of -100 dB when applied to 
18,000 feet of 24 AWG twisted pair wire. On the receiving 

25 end of such signals, however, conventional analog-to-digital 
converters typically have a quantization noise floor which is 
substantially flat over frequency. As a result, higher fre- 
quency signals communicated over conventional twisted 
pair facilities can be attenuated, by the transmission line, to 

30 such a degree as to faU below the quantization noise floor of 
the receiving ADC, in which case signals in the higher 
frequency portion of the bandwidth are lost. 

FIG. 12 illustrates that the line attenuation characteristics 
can be approximated by two complex poles. According to 

35 the preferred embodiment of the invention, frequency 
domain equalizer 57 is provided in AFE 11 which boosts the 
signals at higher frequencies, according to a characteristic 
having two dominant zeroes. Preferably, the frequency char-f 
acteristic of equalizer 57 is controllable in order to compenr 

40 sate for the wide variations in line condition, loop length and 
quality, and the like, especially considering that the noise 
requirements for the receive side of AFE 11 are quite 
stringent according to the current ADSL standards (e.g., on 
the order of 5 nV/^-^Iz). The use of switched-capacitor stages 

45 was contemplated for such equalization according to the 
preferred embodiment of the invention, but was observed 16 
involve excessively large capacitors, and unrealistically low 
noise and high settling speed operational amplifiers, to 
realize according to modem technology. Accordingly, it was 

50 discovered, in connection with the present invention, that a 
continuous-time implementation of equalizer 57 i^ 
preferred, with RC-op amp realizations preferred (relative td 
gm-C and MOSFET-C realizations) given the low distortion 
level requirements of ADSL communications. Additionally; 

55 the compensation for such line attenuation by way of 
equalizer 57 is especially necessary to be included in the 
analog domain, prior to the analog-to-digital conversion 
performed by ADC 62R. 

FIG. 13 illustrates the construction of equalizer 57 

60 according to a first embodiment of the present invention, in 
which two operational amplifier stages 110, 112 are conf 
nected in cascade fashion. Stages 110, 112 include opera j 
tional amplifiers 111, 113, respectively, each of which have 
an input RC network and a feedback RC network. For 

65 example, stage 110 includes an input RC network of resistor 
Ril in series with a parallel RC network of variable resistor 
Rsl and capacitor Csl, and a feedback parallel RC network 
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of variable resistor Rfl and capacitor Cfl; stage 112 is low pass filter 58R. In the preferred embodiment of the 
similarly arranged. As a result, the frequency response of invention, the following is an exemplary RC table for 
equalizer 57 may be stated: various settings in the above-noted example: 



Setting 


Rsl 


Csl 


RQ 


Cfl 


Rs2 


C&2 


RE2 


Cf2 


5 dB 


10 kQ 


19 pF 


10 kQ 


16 pF 


15 kQ 


19.6 pF 


10 kQ 


4pF 


10 dB 


15 kQ 


19 pF 


10 kQ 


2pF 


20 kQ 


19.6 pF 


10 kQ 


4 pF 


15 dB 


25 kQ 


19 pF 


10 kQ 


2pF 


20 kQ 


22.4 pF 


10 kQ 


4pF 


20 dB 


30 kQ 


19 pF 


10 kQ 


2pF 


30 kQ 


24 pF 


10 kQ 


4pF 


25 dB 


40 kQ 


19 pF 


10 kQ 


2pF 


40 Hi 


24 pF 


10 kQ 


4pF 



15 



Gil 



1+ 



— ) 



h—h—] 



20 



where Gm, are the gains of amplifiers 111, 113, 
respectively, defined by the ratio of the feedback resistance 
to the input resistance. For example, gain G^^^ is the ratio 



25 



Rfl 



Ril + Rsl 



The characteristic transfer function frequencies to-^Q^, cOii2jc 
for stages 110, 112, respectively, are defined as (for stage 
110 by way of example): 



Rsl Csl 
Ril 4- Rsl 



RsiCsiRil 
(onof = Iifl-CfI 
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This transfer function thus provides two dominant zeroes, 
one from each stage, and each of which can be easily 
controlled by the product Rs Cs for a particular stage. The 
two poles of the transfer function can be placed at appro- 
priate frequencies to attenuate out of band response. 

While equalizer 57 in this embodiment of the present 
invention includes two stages, finer control over the transfer 
function may be obtained through the use of more than two 
such stages. In such a case, the number of product terms in 
the transfer function will, of course, correspond to the 
number of stages utilized in equalizer 57. 

As noted above, the locations of the dominant zeroes of 
equalizer 57 are preferably optimized so as to compensate 
for line attenuation over an expected range of loop 
conditions, by selecting a gain level over frequency. For 
example, it is contemplated that one may select a boost slope 55 
that varies with frequency (i.e., more boost at higher 
frequencies), ranging from 5 dB to 25 dB in 5 dB incre- 
ments. With reference to FIG. 13, it is therefore preferable 
that each of variable resistors Rsl, Rfl, Rs2, R£2 are 
implemented by way of a set of parallel resistors, each of 60 
which may be either enabled or disabled through the open- 
ing of switches to set the gain for each of stages 110, 112; 
alternatively, of course, the zeroes may be set by fixed 
resistor values according to design. Further in the 
alternative, referring to FIG. 10, switches (not shown) may 
be inserted into AFE 11 so that equalizer 57 is totally 
bypassed, with lines RXP, RXM applied directly to analog 



65 



This example assumes that resistors Ril, Ri2 are each 500Q: 
FIG. 14 illustrates the frequency response of equalizer 57 
over frequency, for the above settings. As is evident 
therefrom, the high frequency boost provided by equalizer 
57 compensates for the line attenuation over twisted pair 
facility TWP. According to the preferred embodiment of the 
invention, equalizer 57 is relatively simple to implementj 
and involves minimal group delay distortion (e.g., on the 
order of 1.96 ^usec). 

Referring back to FIG. 10, the output of equalizer 57 is 
applied to analog low pass filter 58R, Analog low-pass filter 
58R, according to this embodiment of the present invention, 
is a fourth order elliptic continuous-time filter having a 
nominal 1.325 MHz pass band. As described hereinabove, 
analog low pass filter 58R may be untrimmed, despite the 
resulting effects on corner frequency due to process varia- 
tions. The worst case group delay through analog low pass 
filter 58R is contemplated to be about 2.1 //sec: 
Alternatively, improved process control may be obtained by 
way of trimming either the resistors or capacitors in stages 
110, 112. 

According to an alternative embodiment of the invention; 
analog low-pass filter 58R is implemented by a ladder filteri 
having multiple operational amplifier stages, and in which 
the first one of the multiple stages also serves as the second 
stage of equalizer 57. FIG. 15 illustrates such an 
arrangement, as will now be described in detail. 

As shown in FIG. 15, each of stages 110', 112', as well as 
the remaining stages in analog low pass filter 58R, are 
realized in a differential fashion, receiving lines RXP, RXM; 
Resistors Rs and Rf associated with each of the inverting and 
non-inverting inputs are variable resistors in both of stages 
110', 112', to provide selectable equalizer gain as described 
above. However, for purposes of stabihty of analog low pass 
filter 58R, it may be preferred to not adjust the values of 
resistors Rs and Rf in stage 112', so that the filter characr 
teristics do not vary with the selection of gain for equalizer 
57; with reference to the above table, it is contemplated that 
a wide range of gains may be obtained without varying the 
resistor values in second stage 112', As evident from FIGi 
15, analog low pass filter 58R is implemented in conven- 
tional fashion for active filters, with negative feedback from 
each operational amplifier in filter 58R being provided to 
each of the prior stages, including stage 112'. 

According to this alternative embodiment of the 
invention, stage 112' serves both as a second stage in 
equalizer 57 and also as a first stage in analog low-pass filter 
58R. Because stage 112' is necessary in analog low-pass 
filter 58R in order to obtain the proper order filter, this 
duplicate use enables equalizer 57 to be implemented simply 
by the addition of a single operational amplifier stage 110'; 
As a result, this embodiment of the present invention pro- 
vides the additional advantage of being even more eflBciently 
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implemented inlo the integrated circuit of AFE 11. The 
overall noise and distortion of the channel is alsq minimized 
by the addition of the single stage, providing still further 
improvement in the performance of AFE 11. 

Referring back to FIG. 10, the output of analog low pass 
filter 58R is applied to programmable gain amplifier 60R 
which, in this example, provides a frequency independent 
gain over the signal bandwidth of 25 kHz to 1104 kHz 
ranging from about 2.5 dB to about 11.5 dB in 0.25 dB steps, 
providing a maximum output signal voltage swing of about 
4 volts peak-to-peak. The output of second programmable 
gain amplifier 60R is applied to ADC 62R. 

ADC 62R in this embodiment of the invention converts 
the received analog signal into digital words at a fixed 
sample rate of 4416 kHz, with 14-bit resolution. Conven- 
tional ADC implementations may be used for ADC 62R 
according to this embodiment of the invention. Linearity is 
preferably maximized by trimming in manufacmring. Ref- 
erence voltage circuit 68R preferably applies a stable refer- 
ence voltage, such as a bandgap voltage, to ADC 62R, to 
provide a highly accurate conversion over temperature. 

The output of ADC 62R is applied to digital filters 64R. 
Referring now to FIG. 16, the signal flow through digital 
filters 64R, in combination with oversampling registers 44R, 
will now be described in detail. As illustrated in FIG. 16, 
digital low pass filter function first performs a two -pole, 
two-zero biquadratic section sampling at the sample output 
rate of ADC 62R, which is 4416 kHz in this example. Digital 
low pass filter 120 is provided primarily to attenuate noise 
generated by equalizer 57 and analog low-pass filter 58R 
above 1104 kHz, so that aliasing from these fi-equencies does 
not occur when the sample rate is decimated to 2208 kHz. 
The transfer function of digital low pass filter 120 according 
to the preferred embodiment of the present invention is: 



2+ - 



The stop band rejection above 1312 kHz for such a filter is 
about 8.8 dB, according to an exemplary implementation of 
digital low pass filter 120. 

Decimation filter process 122 is then applied to the 
filtered data from digital low pass filter 120, if desired (i.e., 
if enabled by switches Sll, S12). Decimation filter process 
122 is provided to reduce the sample rate if desired by digital 
transceiver function 13. In this example, decimation filter 
process 122 is simply a two-sample running average circuit 
with a transfer function of: 



where f^ is the input sample rate of 4416 kHz. While 
decimation filter process 122 causes a slight droop in the 
pass-band, such a droop is either tolerable, or may be 
compensated by FFT process 22R in digital transceiver 
function 13. 

The overall group delay in the receive side of AFE 11 is 
expected to range from on the order of 0.92 ,wsec to on the 
order of 2.28 /isec, depending upon the setting selected for 
equaUzer 57. This group delay is sufficiently small as to 
involve minimal distortion in the receive signal. 

AFE 11 according to the present invention, similarly as 
AFE 12 described hereinabove, thus provides important 
advantages in the implementation of high-performance 
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modems of the DSL type, by being realized in a single 
integrated circuit, enabled by the reduced complexity of the 
analog filters 50R, 58R, such reduced complexity enabled by 
the provision of digital filters 46R, 64R. Furthermore, 
according to the preferred embodiment of the present 
invention, AFE 11 provides the ability of selectable com- 
pensation for a wide range of line attenuation conditions, 
through the use of equalizer 57. As noted above, according 
to a specific implementation of the present invention, the 
equalizer function may be implemented with only a single 
operational amplifier stage, thus minimizing chip area cost 
and also added noise due to the additional process. As noted 
alxjve, the ability to so integrate these functions that is 
enabled by the present invention to, along with the signifir 
cant reduction in required component trinmming in 
manufacture, greatly reduces the cost of the analog front-end 
function in DSL modems, and also improves the overall 
system performance. 

While the present invention has been described according 
to its preferred embodiments, it is of course contemplated 
that modifications of, and alternatives to, these 
embodiments, such modifications and alternatives obtaining 
the advantages and benefits of this invention, will be appar- 
ent to those of ordinary skill in the art having reference to 
this specification and its drawings. It is contemplated that 
such modifications and alternatives are within the scope of 
this invention as subsequently claimed herein. 

I claim: 

1. A receive equalizer circuit, comprising: 
a first stage, comprising: 

a first operational amplifier, having an input and an 
output; 

a first input impedance network, coupled between aii 
input of the receive equalizer circuit and the input of 
the first operational amplifier, having an impedance 
selected from one of a first plurality of input imped- 
ance values to define a first dominant zero in a 
frequency characteristic of the receive equalizer 
circuit, and comprised of a capacitor and a variable 
resistance connected in parallel with the capacitor; 
and 

a first feedback impedance network, coupled between 
the output and the input of the first operational 
amplifier, and having an impedance selected frorri 
one of a first plurality of feedback impedance values 
and that is comprised of a capacitor and a variable 
resistance connected in parallel with the capacitor; 
and 

a second stage, comprising: 

a second operational amplifier, having an input, and an 
output; 

a second input impedance network, coupled between 
the output of the first operational amplifier and the 
input of the second operational amplifier, to define a 
second dominant zero in the frequency characteristic 
of the receive equalizer circuit; and 

a second feedback impedance network, coupled 
between the output and the input of the second 
operational amplifier; 
wherein each of the variable resistances comprise a plu: 

rality of resistors connected in parallel with one 

another, each of the plurality of resistors capable of 

being selectably enabled and disabled. 

2. The receive equalizer circuit of claim 1, wherein the 
second input impedance network has an impedance selected 
from one of a second plurality of input impedance values; 

and wherein the second feedback impedance network has 
an impedance selected from one of a second plurality of 
feedback impedance values. 
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3. The receive equalizer circuit of claim 2, wherein each 
of the second input impedance network and second feedback 
impedance network comprise: 

a capacitor; and 

a variable resistance connected in parallel with the capaci- 
tor 

4. A receive equalizer circuit, comprising: 
a first stage, comprising: 

a first operational amplifier having a non-inverting 
input and an inverting input, and a non-inverting 
output and an inverting output; 

a first input impedance network, coupled between a 
first input of the receive equalizer circuit and the 
inverting input of the first operational amplifier, and 
having an impedance selected from one of a first 
plurality of input impedance values; and 

a first feedback impedance network coupled between 
the non-inverting output and the inverting input of 
the first operational amplifier, and having an imped- 
ance selected from one of a first plurality of feedback 
impedance values; and 
a second stage, comprising: 

a second operational amplifier, having an input, and an 
output; 

a second input impedance network, coupled between 
the output of the first operational amplifier and the 
input of the second operational amplifier; and 
a second feedback impedance network, coupled 
between the output and the input of the second 
operational amplifier; 
a third input impedance network, coupled between a 
second input of the receive equalizer circuit and the 
noninverting input of the first operational amplifier, and 
having an impedance selected from one of a third 35 
plurality of input impedance values; and 
a third feedback impedance network, coupled between the 
inverting output and the noninverting input of the first 
operational amplifier, and having an impedance 
selected from one of a third plurality of input imped- 
ance values. 

5. The receive equalizer circuit of claim 4, wherein the 
second operational amplifier has a non-inverting input and 
an inverting input, and a non- inverting output and an invert- 
ing output; 

wherein the inverting output of the first operational ampli- 
fier is coupled to the inverting input of the second 
operational amplifier through the second input imped- 
ance network; 

wherein the second feedback impedance network is 
coupled between the non-inverting output and the 
inverting input of the second operational amplifier; 
and further comprising: 

a fourth input impedance network, coupled between a 
second input of the receive equalizer circuit and the 
noninverting input of the first operational amplifier; 
and 

a fourth feedback impedance network, coupled 
between the inverting output and the noninverting 
input of the first operational amplifier. 

6. The receive equalizer circuit of claim 5, wherein the 
fourth input impedance network has an impedance selected 
from one of a fourth plurality of input impedance values; 

and wherein the second feedback impedance network has 65 
an impedance selected from one of a second plurality of 
feedback impedance values. 
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7. A receive equalizer circuit, comprising: 
a first stage, comprising: 

a first operational amplifier, having an input and an 
output; 

a first input impedance network, coupled between an 
input of the receive equalizer circuit and the input of 
the first operational amplifier, and having an imped- 
ance selected from one of a first plurality of input 
impedance values; and 

a first feedback impedance network, coupled between 
the output and the input of the first operational 
amplifier, and having an impedance selected from 
one of a first plurality of feedback impedance values; 
and 

a second stage, comprising: 

a second operational amplifier, having an input, and an 
output; 

a second input impedance network, coupled between 
the output of the first operational amplifier and the 
input of the second operational amplifier; and 

a second feedback impedance network, coupled 
between the output and the input of the second 
operational amplifier; and 
a ladder filter, having a plurality of operational amplifier 

stages, and having an input coupled to the output of the 

first operational amplifier; 
wherein the second stage serves as a first one of the 

plurality of operational amplifier stages of the ladder 

filter. 

8. An analog front end circuit for a modem, integrated into 
a single integrated circuit, and comprising: 

a digital interface, for communication of digital signals; 
a digital-to-analog converter, coupled to the digital 

interface, for converting digital signals received from 

the digital interface into analog signals; 
a transmit filter, for filtering the analog signals into a first 

transmit frequency band; 
a receive equalizer for amplifymg the received analog 

signals according to a frequency response, comprising: 

a first stage, comprising: 

a first operational amplifier, having an input and an 
output; 

a first input impedance network, for applying 
received analog signals, in a first receive fre- 
quency band, to the input of the first operational 
amplifier, and having an impedance selected from 
one of a first plurality of input impedance values; 
and 

a first feedback impedance network, coupled 
between the output and the input of the first 
operational amplifier, and having an impedance 
selected from one of a first plurality of feedback 
impedance values; and 
a second stage, comprising: 

a second operational amplifier, having an input, and 
an output; 

a second input impedance network, coupled between 
the output of the first operational amplifier and the 
input of the second operational amplifier; and 
a second feedback impedance network, coupled 
between the output and the input of the second 
operational amplifier; 
an analog-to-digital converter, coupled to the receive 
analog filter, for converting the filtered analog signals 
into digital signals; and 
a receive digital filter, coupled to the analog-to-digitai 
converter, for applying a digital filter function to the 
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converted digital signals, and having an output coupled 
to the digital interface. 

9. The analog front end circuit of claim 8, further com- 
prising: 

a receive analog filter, coupled to the output of the receive 
equalizer, for filtering analog signals amplified by the 
receive equalizer. 

10. The analog front end circuit of claim 9, wherein the 
, receive analog filter comprises a plurality of operational 

amplifier stages; 

and wherein the second stage of the receive equalizer 
corresponds to a first one of the plurality of operational 
amplifier stages of the receive analog filter. 

11. The analog front end circuit of claim 8, wherein each 
of the first input impedance network and first feedback 
impedance network comprise: 

a capacitor; and 

a variable resistance connected in parallel with the capaci- 
tor. 

12. The analog front end circuit of claim 11, wherein each 
of the variable resistances comp rise a plurality of resistors 
connected in parallel with one another, each of the plurality 
of resistors being selectably enabled and disabled. 

13. The analog front end circuit of claim 8, wherein the 
second input impedance network has an impedance selected 
from one of a second plurality of input impedance values; 

and wherein the second feedback impedance network has 
an impedance selected from one of a second plurality of 
feedback impedance values. 

14. The analog front end circuit of claim 8, wherein the 
analog signals are received on first and second dififerential 
inputs; 

wherein the first operational amplifier has a non-inverting 

input and an inverting input, and a non-inverting output 

and an inverting output; 
wherein the first differential input is coupled to the 

inverting input of the first operational amplifier through 

the first input impedance network; 
wherein the first feedback impedance network is coupled 

between the non-inverting output and the inverting 

input of the first operational amplifier; 
and further comprising: 

a third input impedance network, coupled between the 
second differential input and the noninverting input 
of the first operational amplifier, and having an 
impedance selected from one of a third plurality of 45 
input impedance values; and 

a third feedback impedance network, coupled between 
the inverting output and the noninverting input of the 
first operational amplifier, and having an impedance 
selected from one of a third plurality of input imped- 
ance values. 

15. The analog front end circuit of claim 14, wherein the 
second operational amplifier has a non-inverting input and 
an inverting input, and a non-inverting output and an invert- 
ing output; 

wherein the inverting output of the first operational ampli- 
fier is coupled to the inverting input of the second 
operational amplifier through the second input imped- 
ance network; 

wherein the second feedback impedance network is 
coupled between the non-inverting output and the 
inverting input of the second operational amplifier; 
and further comprising: 

a fourth input impedance network, coupled between a 
second input of the receive equalizer circuit and the 
noninverting input of the first operational amplifier; 
and 
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a fourth feedback impedance network, coupled 
between the inverting output and the noninverting 
input of the first operational amplifier. 

16. The analog front end circuit of claim 8, wherein the 
first receive frequency band includes firequencies higher thaii 
frequencies within the first transmit firequency band. 

17. A digital subscriber line modem, comprising: 
a host interface; 

a digital transceiver function coupled to the host interface; 
an analog line driver, for driving and receiving analog 

signals over a telephone facility; and 
an analog front end circuit, integrated into a single inter 
grated circuit, and comprising: 
a digital interface, for communication of digital signals; 
a digital-to-analog converter, coupled to the digital 
interface, for converting digital signals received 
from the digital interface into analog signals; 
a transmit filter, for filtering the analog signals into a 

first transmit frequency band; 
a receive equalizer for amplifying the received analog 
signals according to a frequency response, compris- 
ing: 

a first stage, comprising: 

a first operational amplifier, having an input and 
an output; 

a first input impedance network, for applying 
received analog signals, in a first receive fre- 
quency band, to the input of the first opera- 
tional amplifier, and having an impedance 
selected from one of a first plurality of input 
impedance values; and 
a first feedback impedance network, coupled 
between the output and the input of the first 
operational amplifier, and having an imped- 
ance selected from one of a first plurality of 
feedback impedance values; and 
a second stage, comprising: 

a second operational amplifier, having an input; 

and an output; 
a second input impedance network, coupled 
between the output of the first operational 
amplifier and the input of the second opera 
tional amplifier; and 
a second feedback impedance network, coupled 
between the output and the input of the second 
operational amplifier; 
an analog-to-digital converter, coupled to the receive 
analog filter, for converting the filtered analog 
signals into digital signals; and 
a receive digital filter, coupled to the analog-tOT 
digital converter, for applying a digital filter func- 
tion to the converted digital signals, and having an 
output coupled to the digital interface. 

18. llie modem of claim 17, wherein the digital trans- 
ceiver function comprises a programmable digital signal 
processor. 

19. The modem of claim 17, wherein the first receive 
frequency band includes frequencies higher than frequencies 
within the first transmit frequency band. 

20. The modem of claim 17, further comprising: 

a receive analog filter, coupled to the output of the receive 
equalizer, for filtering analog signals amplified by the 
receive equalizer. 

21. The modem of claim 20, wherein the receive analog 
fiher comprises a plurality of operational amplifier stages;; 

and wherein the second stage of the receive equalizer 
corresponds to a first one of the plurality of operational 
amplifier stages of the receive analog filter. 
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22. The modem of claim 17, wherein each of the first 
input impedance network and first feedback impedance 
network comprise: 

a capacitor; and 

a variable resistance connected in parallel with the capaci- ^ 
tor. 

23. The modem of claim 22, wherein each of the variable 
resistances comprise a plurality of resistors connected in 
parallel with one another, each of the plurality of resistors 
being selectably enabled and disabled. "^^ 

24. The modem of claim 17, wherein the second input 
impedance network has an impedance selected from one of 
a second plurality of input impedance values; 

and wherein the second feedback impedance network has 
an impedance selected from one of a second plurality of 
feedback impedance values. 

25. The modem of claim 17, wherein the analog signals 
are received on first and second differential inputs; 

wherein the first operational amplifier has a non-inverting 20 

input and an inverting input, and a non-inverting output 

and an inverting output; 
wherein the first differential input is coupled to the 

inverting input of the first operational amplifier through 

the first input impedance network; 25 
wherein the first feedback impedance network is coupled 

between the non-inverting output and the inverting 

input of the first operational amplifier; 
and further comprising: 

a third input impedance network, coupled between the 
second differential input and the noninverting input 
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of the first operational amplifier, and having an 
impedance selected from one of a third plurality of 
input impedance values; and 
a third feedback impedance network, coupled between 
the inverting output and the noninverting input of the 
first operational amplifier, and having an impedance 
selected from one of a third plurality of input imped- 
ance values. 

26. The modem of claim 17, wherein the second opera- 
tional amplifier has a non-inverting input and an inverting 
input, and a non-inverting output and an inverting output; . 

wherein the inverting output of the first operational ampli- 
fier is coupled to the inverting input of the second 
operational amplifier through the second input imped- 
ance network; 

wherein the second feedback impedance network is 
coupled between the non-inverting output and the 
inverting input of the second operational amplifier; ; 
and further comprising: 

a fourth input impedance network, coupled between a 
second input of the receive equalizer circuit and the 
noninverting input of the first operational amplifier; 
and 

a fourth feedback impedance network, coupled 
between the inverting output and the noninverting 
input of the first operational amplifier. 

27. The modem of claim 17, wherein the first receive 
frequency band includes frequencies higher than frequencies 
within the first transmit frequency band. 
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